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FIGURE 18A

Mar 10, 04 15:01

¥ Example code:
%t Mulcichannel Wave-Domain Accustic Echo Cancellaticon

: by Herbert Buchner, Univ Erlangen-Ruremberg.

startupdata;

% rzexznmcovone WS sooosws=smwwomwbEocouEDInAan

¥ Sinple wave-field synthesis according to loudspeaker

% array geometry for generating test signals for the loudspeakers.

¥ One virtual point source is generated, i.e., we have a SIMO WFS system.
disp(‘'WFS filters ...'):

(1s_x.ls_v,squrce_pas,G] = wfs_filters;

szzosmmasssas: PARAMETERS sasccacorAmSoRIgRooooRST

nls=size(G,2):

nAnglesc3?;

£2=48000;

radius=0,5;
f.aliascround(340/(2+pi*radius/nAngles)):

Gavresample(G,£_alias, {s);

¥ ruszassomezxnse LOUDSPEAKER ARRAY TRANSFORMS ssmossossocopszscomozoowos

c_regultl zeros{nlLs, nAngles,size(G,1)+1024-1),; %2+*IRlength);

Eor i=l:nLs

% Generation of a virtual wavefield (p,v} on the microphone locations.

¥ The wavefield originates from a point source which transmits an impulse,

¥ This point source represants one of the loudspeakers.

angle=atan({ls_y(i)./1ls_x{1});

if (1s_x(i)<0)

ngnglenangla+sigutlsﬂy{i))‘pi:

B

anglex18(*angle/ci;

angle=270-angle;

disp(‘calc circspherewave ...°):

{p.v] = circspherewave{newt(1024,1/f _alias), newangle({nAngles),radius,sqrt({ls_
X(1)).*2+{1ls_wv(1))."2) ,angle)};

% Now, a plane wave decomposition of this (virtual) wavefield is calculated
disp{‘calc cirerr (LS) ..."):
(ql,g2) = circrtip.v,radius);

disp('calc conv: transf with WFS ...');
for k=1l:nAngles ‘
c_resultl{i, Kk, :)=conv(isgqueeze(G(:,1)}, squeezelql.data{:.k})}:
and
and

% superposition of the contrihutions of the different loudspeakers

displ{*‘calc superposition of LS ...'};
c_result = zeros({nAngles,size(c_resulcrl,3)}:
for i=1l:nLs
c_resulc = c_resylt +» gqueeze(c_resultl(i.:.:));

and

clear c_resultl;
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FIGURE 18B

t A ——————————————epepe 2 LR LR L T Ll el

'% load signal of the virtual point source

disp{’'load signal of virtual point source ...°}):
s=wavread{’'Air Bach_48kHz.wav’]):
s=zresample(s.data, f_nalias, fs);

% convolution

disp{'calc convolution to get x _pw ...%});
X_pwezeros{length{s) +size{c_result, 2)-1,nAngles};
| £ox K=l:nAngles

X pwl:,K)=conv(s,squeeze(c_result(k,:))’);

'end
Clear c_result;

B e e e e e e 2t e e e e B e e e e e o e e e e

% transformation of loudspeaker signals into
$ time-wavenumber space

disp(‘transformation into the k_theta domain ...°);
x. . pPw_t_ KThetasffti{x_pw,().2}:

T ce=ooxenucsez= NTCROPHONE ARRAY TRANSFOBMS coosoomoRcCrb szt cmlIcRTCT

% calculate plane wave decomposition for a cicular wicrophonse array
% recorded with the ‘measure_field.m’ script after S$.Spors
% {using sound field microphones)

% parameters

fas = 48000; ¥ sampling rate

radius = 0.5;. % radius of circular array

pv_scale = 1.7; % scale factor between p and v measuremenis
% options

plot_pw_deco figures = 0:
downsanmple = };

% load data: _
% Room acoustics. Recorded with sound field microphones

disp({’load recorded data from sound fleld microphones ...°%});
load wavefield;

for i=l:nLs
{n_pos, IRlength] = size{squeeze{pP(i,:.:)));

% build dace objects

pl = data{squeeze(p(i,:,:}1°);
pl.x = newangle(n_pos);

pl.y v axise(newt(XRlength, 1/fs});

vl = data(pv_scale * squeeze(v{i,:.:]1}"});
vi.x = newangle{n_pos):
vli.y = axise({newt{IRlength, 1/£38));

¢t perform plane wave decomposition
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FIGURE 18C

Mar 10, 04 15:01 :
disp{’calculating plane wave decomposition ...

WAEC2.m ‘Fﬁqyagua*

‘ |

% calculate & plane-wave decomposition of this wavefield
disp(‘’cale¢ circre ...°%);
191,92} = ¢ircre(pl,vl,radiusl:

L JE T convolution of transformation filters with WFS ~——-—.__ —

for k=l:nAngles
tmpnconv(gqueeze (G(:,1i)),resample (squeeze(ql.datal:.k}}. £ alias,fs));
1E (i=n) & Kec))

c_resultl = zeros(nlLs,nAngles,lengthitmp));

and
c_resultl(i, k, :}=tmp;

and

and

% superposition of the contributions of the different loudspeakers

c_result = zeros(nAngles,size(c_resulcl,3)):
for irl:nLs _

¢ resulc = ¢ _result + squeezefc_resultl(i,:,:)):
end

clear c_resultl;

% il bl N B e S gl gl W . g W A o Sy B Y EEE Y Wy R S v T A g S o g R g S S e b o e M e . Wy T A Sy

%t convelution

% create delay
delaywzexros{1024,1);
delay(1024)=};

yv_pwszeros (length{s) +size(c_result,2}+1024-2, nAngles):
for kol:nAngles

tmp=conv(s,sqgueeze{c_result{k, :1}*};

yv_pw(:.k]lsconvitmp,delay):;
and

claar c_result;

% transformation of microphone signals into
¥ time-wavenuymber space

y_Dv_t_kTheta=fft(y_pw, (1.2}

Q@ =zaom===wvocczox ADAPTIVE FILTERING eSS RO IS RRRETEREDIRC

1)
L=1024; 2 number of taps (FIR madels for each channe
HsLep=1 % dist. between snapshots of imp. regp. (max.: length(x)}

- - } hane)
tarendnolsecInd % Far-eand-SNR in ¢B {on each far microp
n:arendnaisettn[ % Near-and-SHR in dB (on the near micropnone)

h_F_scarcrzeros(L, )
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FIGURE 18D

Mar 10, 04 15:01 _
Y. bw_t_KkThetazy_pw_t_kTheta{l:size(x_pw_t _kTheta,l},:):

n=zeros (size(y _pw_t_kTheta,bl),1);

K=] J %
{err, h_gmp,yn; eps]) nFDAF__ﬂVEI‘l&D_MI’IO_UTD{EquEQIE_{x_m_t_m'IEta {:.k}}).squeeze (y_

pw_t_ktheta(:,k}). . n,L,h_F_start, Hscepl:

err_k_theta=zeros{length{exrxr).,nAngles):
err_Kk_theta(:,1)=err;

h_snap_theta=zeros(size(h_snap,l),size(h_s
h_snap_theta(:,:.l)=h_snap;

for k=2:nAngles

k
(exr_k_theta(:,k).h_snap_theta(:,:,k),yn 3_mono_DTD(scqueezea{x_
pw_t_kTheta({:,k}}),squeeze({y_pw_t_kTheta(:, .Hstep) :
and
% om=ccoroermsns TNVERSE TRANSFORMATION mso-oscnooesSSESmanssoIas xR

e_pw=ifftlexrr_k theta, (1,2);
e=ssum{real{e_pw).2);
er=ayasample(e,11025,£f_alias);

er=0.95.*er./max{abs{er));

gave er_file er

Yy _Dw2=ifEt (y_pw_t_kTheta, {1.2);
yusum(real (y_pw2) .23
rate=f_alias

yrayasanple(y,1102S, £_alias};
yr=0.95.*yr., /max{abs({yr});

save yr_file ';r
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APPARATUS AND METHOD FOR
PROCESSING CONTINUOUS WAVE FIELDS
PROPAGATED IN A ROOM

CROSS-REFERENCE TO RELATED
APPLICATION

This application 1s a continuation of copending Interna-

tional Application No. PCT/EP2004/0125°70, filed Nov. 5,
2004, which designated the Unmited States and was not pub-
lished 1n English.

BACKGROUND OF THE INVENTION

1. Field of the Invention

The present invention relates to an apparatus and a method
for processing an iput signal, an apparatus and a method for
detecting a transmission characteristic of a room, an appara-
tus and a method for suppressing interferences, an apparatus
and a method for detecting an nverse transmission charac-
teristic of a room, an apparatus and a method for generating a
prediction error signal, an apparatus and a method for retriev-
ing a useful signal from an mnput signal, an apparatus and a
method for suppressing an interference portion 1n a recerved
signal. Particularly, the present invention relates to multidi-
mensional adaptive filtering.

2. Description of the Related Art

In a signal propagation 1n a room between a sender and a
receiver, such as 1n a wave propagation, 1t 1s often required to
detect which influence the room has on the propagating waves
by 1ts room characteristic, for example a room impulse
response. If the influence of the room 1s known, the same can
be reproduced and/or reversed 1n the receiver, for example by
adaptive filtering.

In order to determine the room characteristic, a transmaitter
transmits a signal known to a recerver, which 1s tapped oif by
a recerver. Based on a comparison between the transmitted
and the tapped-off (detected) signal, the characteristic of a
transmission channel between the transmaitter and the receiver
can be concluded, which results 1n a single-channel system
(point to point connection).

Generally, several transmitters and several recetvers can be
positioned 1n the room, so that a multichannel system which
several inputs and/or several outputs results, by which the
room characteristic can be determined at the locations of the
room determined by the arrangement of transmitters and
receivers. Generally, these are so-called adaptive MIMO sys-
tems (MIMO=multiple mput/multiple output). However, in
these systems, only the relationships between the mputs and
the outputs at discrete fixed room positions are considered,
¢.g. 1n the form of impulse responses or frequency responses.
However, the field emitted by the transmitters 1s continuous
and propagates in the form of wave fronts. Location-depen-
dencies within the field are thus not considered in the prior art,
since the received signals are processed directly based on an
input/output description. In most applications, for example
acoustics, only relatively few input channels of the adaptive
system are assumed, as has been discussed in the paper J.
Benesty and Y. Huang (eds.), Adaptive signal processing:
Application to real-world problems, Springer-Verlag, Berlin,
February 2003.

In a MIMO case of adaptive filtering according to the prior
art, the following disadvantages result. On the one hand, the
computing eiffort 1s very high due to the cross responses. For
example, an adaptive filter with P input channels and QQ output
channels will adapt P Q responses and follow their changes.
These mndividual responses can themselves have several hun-
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dred or thousand adaptive parameters, depending on the
applications. To determine a room characteristic exactly,
many iput channels are required. With increasing number of
input channels, convergence problems will occur, particularly
with correlation between the input channels, such as has been
described, for example, 1 the papers S. Shimauchi and S.
Makino, “Stereo Projection Echo Canceller with True Echo
Path Estimation”, Proc. IEEE International Conference on
Acoustic, Speech, and Signal Processing ICASSP93, Detrott,
Mich., USA, pages 3059-3062, May 1993, and J. Benesty, D.
R. Morgan and M. M. Sondhi, “A better understanding and an
improved solution to the problem of stereophonic acoustic

echo cancellation™, Proc. IEFE International Conference on
Acoustic, Speech, and Signal Processing ICASSP97,

Munich, pp. 303-306, April 1997.

FIG. 20 shows an embodiment of a time discrete adaptive
filter according to the prior art. The adaptive filter 2401 has L
filter coelficients, which are combined to a wvector

h=[h (0), . .., h(L-1)]. The filter 2401 has an input 2043 and

an output 24035. An mput signal u(n) 1s applied to the input
2403 of the filter 2401. An output signal y(n) 1s applied to the
output 2405. The output 2405 1s coupled to a summer 2407.
The summer 2407 has a turther input 2409, to which a signal
d(n) 1s applied, as well as an output 2411 to which a signal
e(n) 1s applied. A block 2413 1s connected between the input
2403 of filter 2401 and the output 2411 of the summer 2407,
wherein an adaptation algorithm for the filter coelfficients 1s
performed. Thus, block 2413 receives the signal u(n) as well
as the signal e(n). Further, block 2413 has an output 2415
coupled to the filter 2401. The filter coetlicients determined
by the adaptation algorithm 1n the block 2413 are provided to
the filter 2401 via the output 2415.

Adaptive time discrete filters of FIG. 20 represent a com-
mon technique 1n digital signal processing. The principle 1s to
determine filter coellicients (combined to a vector h 1n the
embodiment 1llustrated 1n FI1G. 20) such that the output signal
y(n) of the system (or an output channel in a multichannel
system, respectively) 1s approximated to a desired signal d(n)
or several desired signals, respectively, in a multichannel
system at a known 1nput signal u(n) (or several known input
signals, respectively). This 1s achieved by block-wise mini-
mization of the error signal e(n)=d(n)-y(n) or several error
signals, respectively, 1n a multichannel system according to a
predetermined criterion. A mean square error 1s, for example,
used as criterion. The block length of the filter can be higher
or equal to a sample. An optimization of the filter coeilficients
can further be performed recursively or non-recursively.

According to the prior art, the applications of adaptive
filtering can be generally divided 1nto four classes, as indi-
cated inthe paper of S. Haykin, Adaptive Filter Theory, 3. Ed.,
Prentice Hall Inc., Englewood Cliffs, N.J., USA, 1996. These
are system 1dentification, iverse modeling, prediction and
interference suppression.

FIG. 21 shows a basic block diagram for single-channel
system 1dentification. The unknown system 2501, whose
characteristic, such as an impulse response has to be deter-
mined, 1s excited via a system input 2503. Further, the
unknown system 2501 has an output 2505, where a system
output signal can be tapped ofl 1n response to an excitation
signal. An adaptive filter 2507 1s coupled to the system 1nput
2503. The adaptive filter 2507 has an output 2509 as well as an
adaptation input 2511.

A summer 2513 1s disposed between the output 2509 of the
adaptive filter 2507 and the output 2505 of the unknown
system 2501, whose output1s coupled to the input 2511 of the
adaptive filter 2507.
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As has already been mentioned, system identification 1s
about determining the characteristic of the unknown system
2501, which can, for example, be a room, where the acoustic
waves propagate. The characteristic of the room can, for
example, be an impulse response which 1s characterized in the
form of discrete impulse response coelficients, which can
also be considered as filter coellicients. In order to determine
the 1impulse response, the adaptive filter 2507 15 excited in
parallel to the unknown system 2501. An error signal e(n) 1s
generated from the comparison of the systems applied to the
respective output 2509 and 2505, based on which the adaptive
filter 2507 1s adapted. Thereby, the summer 2513 adds the
output signal d(n) of the unknown system 2501 with an output
signal y(n) valued with a negative sign. The result of this
difference 1s supplied to the filter as error signal e(n). During
adaptation, the filter coetficients are adapted for so long until
the error signal e(n) 1s as low as possible. If e(n)=0, the
coellicient set of the adaptive filter 2507 retlects exactly the
impulse response of the unknown system 2501. In other
words, after mimmizing the error signal e(n), the modeling
adaptive filter 2507 1s optimally adapted to the unknown
system 23501 (the system to be modeled) in the sense of the
used optimization criteria, such as the criterion of the least-
mean-error square. Apart from a single-channel system iden-
tification 1illustrated in FIG. 21, multichannel systems are
identified, wherein, as has already been discussed, only dis-
crete locations are considered. Such systems are described,
for example, 1n S. Shimauchi and S. Makino, “Stereo Projec-
tion Echo Canceller with True Echo Path Estimation™, Proc.
IEEE International Conference on Acoustics, Speech and

Signal Processing ICASSP93, Detroit, Mich., USA, pages
3059-3062, May 1995 and 1n J. Benesty, D. R Morgan, and
M. M. Sondhi, “A better understanding and an improved
solution to the problem of stereophonic acoustic echo cancel-
lation”, Proc. IEEE International Conference on Acoustic,
Speech, and Signal Processing ICASSP97, Munic, pages
303-306, April 1997.

In inverse modeling, the unknown system to be modeled 1s
in series with the adaptive filter. FIG. 22 shows a basic block
diagram of a system for inverse modeling.

The unknown system 2601 has an input 2603 and an output
2605. An adaptive filter 2607 1s connected to the output 2605
of the unknown system 2601, which has an output 2609 as
well as a turther input 2611. The 1input 2603 of the unknown
system 2601 1s further coupled to a delay element 2613. The
delay element 2613 has an output 2615 coupled to the output
2609 of the adaptive filter 2607 via a summer 2617. The
summer 2617 has an outputs which 1s connected with the
input 2611 of the filter 2607. In contrary to system i1dentifi-
cation, mverse modeling tries to reduce an influence of the
unknown system 2601, for example 1ts impulse response.
Thereby, a difference 1s formed within the filter output signal
and the system 1nput signal. For considering a delay of the
filter 2607 and the system 2601, optionally, a delay element
2613 can be provided in the reference branch. In mverse
modeling according to FIG. 22, the system 2601 to be mod-
cled 1s 1n series with the adaptive filter 2607. After minimiz-
ing the error signal e(n), the adaptive filter corresponds to the
inverse unknown system in the optimum sense, depending on
the used optimization criteria (for example the criterion of
least mean error square). Apart from a single-channel inverse
system modeling shown 1n FI1G. 22, according to the prior art,
in a multichannel case only discrete room positions are opti-
mized, such as 1s described, for example, in the paper Masato
Miyoshi, Yutaka Kaneda, “Inverse Filtering of Room Acous-
tics” IEEE Transactions on Acoustics, Speech, and Signal
Processing, vol. 36, no. 2, February 1988.
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FIG. 23 shows a block diagram of a prediction structure.
The prediction structure has a delay member 2701 having an
input 2703 and an output 2705. The output 2705 1s coupled to
an adaptive filter 2707, which has an output 2709 as well as a
further input 2711. Parallel to the branch formed of delay
member 2701 and adaptive filter 2707, 1s an adder 2713,
whose mput 2715 1s connected to the input 2703 of the delay
clement 2701. Further, the adder 2713 has an output 2717 as
well as a further mput coupled to the output 2709 of the
adaptive filter 2707.

In prediction, an estimate for a current signal value u(n) 1s
determined from a number of past signal values, and a differ-
ence between the current value and the estimate, which 1s to
be applied to the output 2709, i1s transmitted. In order to
adaptively adjust the coetficients of the filter 2707, the differ-
ence signal applied to the output 2717 1s supplied to the filter
as reference for an adaptation of the filter coefficients. By this
arrangement, it 1s obtained that the adaptive filter predicts the
desired signal in an optimum way (corresponding to a used
optimization criterion, such as a criterion of the least mean
error square). Thus, only the unpredictable, 1.e. the informa-
tion carrying signal portion remains, which 1s transmitted as
prediction error signal. In the recerver, an mnverse operation 1s
performed to retrieve the redundancy suppressed 1n the trans-
mitter to reproduce the input signal as exactly as possible.

FIG. 24 shows a block diagram of a system for interference
suppression according to the prior art. The system comprises
an adaptive filter 2801 with an input 2803, an output 2805 as

well as an adaptation input 2807. The output 2805 1s coupled
to an adder 2809. The adder 2809 has an output 2811 as well
as an mput 2813. The output 2811 of the adder 2809 is
coupled to the adaptation mput 2807 of the filter 2801.

Interference suppression according to claim 24 corre-
sponds structurally to the basic concept of adaptive filtering
according to FIG. 20, wherein the filter coellicients are
adjusted 1n dependence on the used optimization criterion.
Typically, a primary signal d(n) applied to the imnput 2813 of
the adder 2809 consists of a mixture of useful signals and
interference signals. A reference signal u(n) applied to the
input 2803 of the filter 2801 1s an estimate of the interference
signal (the interference). Corresponding to an optimization
criterion, such as a criterion of the least mean error square, the
interference suppression minimizes the error signal e(n),
which 1s a difference from the signal d(n) and the signal y(n).
Thereby, the interference in the error signal 1s suppressed,
which has the effect, in the ideal case, that useful signals are
output and transmitted via the output 2811. Above that, the
primary signal and the reference signal can be mterchanged,
so that the input signal of the adaptive filter corresponds to a
mixture of useful signals and interference. This structure can
be used 1n a location selective noise suppression. I the pri-
mary signal 1s set to zero, and a mixture of usetul signals and
interference signals 1s used as reference signal, statistical
optimization criteria of blind source separation can be used.
Such a concept 1s described 1n the paper A. Hyvirinen, J.
Karhunen and E. Oja, Independent Component Analysis,
John Wiley & Sons, Inc., New York, 2001. The known
approaches according to the prior art are thereby limited to
single or multichannel interference reduction and blind
source separation at a few determined discrete room positions
(sensor locations by placing the room information at a system
output).

It 1s a disadvantage of the known approaches according to
the prior art that the emitted signals 1n the form of electro-
magnetical waves or 1 the form of acoustic sound waves are
only detected and processed at a few discrete room positions.

Information about the system 1s calculated based on the deter-
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mined room properties at the discrete positions. However, this
causes a significant determination error, i merely only a few

sensors are positioned in the room to determine the room
characteristic. To obtain a more specific determination of the
room characteristic, a plurality of actors and sensors has to be
positioned to discretize the room sufliciently. However, the
computing effort increases significantly, since a system with
high complexity has to be positioned, whose production and
maintaining costs rise correspondingly.

It 1s a further disadvantage of the known concept that a
continuous room characteristic, such as occurring during
propagation of the electromagnetic waves can basically not
be reproduced by the known systems. If the number of actors
and sensors 1s 1ncreased to discretize the room further, the
devices positioned 1n the room will have a significant 1nflu-
ence on the detected room characteristic, since, for example,
the echoes between the adjacent loudspeakers and micro-
phones 1n the case of acoustic sound waves superpose the
reflections caused by the room. These negative intfluences can
only be eliminated approximately by complex compensation
algorithms.

It 1s a further disadvantage of the multichannel concepts
according to the prior art that the conventional approaches are
in the way of an eflicient implementation of wave-field syn-
thesis or wave-field analysis. In wave-field synthesis, for
example with a plurality of loudspeakers, which are 1dealized
as spherical antenna, an acoustic sound field 1n a room where
the loudspeaker are positioned can be reproduced exactly and
at every location of the room and at any time. Therefore,
however, 1t 1s required to be able to determine the room
characteristic of the room where the loudspeakers are posi-
tioned also at any location. Since the conventional approaches
only allow a characterization at discrete locations, 1t 1s basi-
cally not possible to reproduce the desired acoustic sound
field exactly at every location of the room with the help of
wave-field synthesis by using the standard concept for detect-
ing the room characteristic.

SUMMARY OF THE INVENTION

It 1s an object of the present invention to provide a concept
for processing continuous wave fields, which can be propa-
gated 1n a room.

In accordance with a first aspect, the present invention
provides an apparatus for processing an input signal, wherein
the input signal has a plurality of subsignals associated to
discrete transmit or receive means, wherein the discrete trans-
mit or recetve means are disposed at predetermined geometri-
cal positions with regard to a room, having: a means for
providing a plurality of wave-field components, which 1s
formed to provide a plurality of wave-field components,
wherein a superposition of the plurality of wave-field com-
ponents results 1n a composite wave field, wherein the com-
posite wave field can be propagated in the room, wherein the
plurality of wave-field components 1s derived from the input
signal by a wave-field decomposition based on orthogonal
wave field base tunctions and the predetermined geometrical
positions; a plurality of single filters, wherein a single filter 1s
associated to a wave-field component of the plurality of wave-
field components, and wherein a single filter 1s formed to
influence the associated wave-field component such that with
regard to the plurality of single filters, a plurality of filtered
wave-field components representing a processed input signal
are obtained on the output side.

In accordance with a second aspect, the present invention
provides a method for processing an input signal, wherein the
input signal comprises a plurality of subsignals associated to
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discrete transmit or receive means, wherein the discrete trans-
mit or recerve means are disposed at predetermined geometri-
cal positions of a room, having the steps of: providing a
plurality of wave-field components, wherein a superposition
of the plurality of wave-field components results 1n a com-
posite wave field, wherein the composite wave field can be
propagated in the room, wherein the plurality of wave-field
components 1s dertved from the mput signal by a wave-field
decomposition based on orthogonal wave field base functions
at predetermined geometrical positions; and filtering wave-
field components, wherein a wave-field component of the
plurality of wave-field components can be mfluenced such
that a plurality of filtered wave-field components representing,
a processed input signal are obtained on the output side.

The present invention further provides an apparatus for
detecting a transmission characteristic of a room during
propagation of a wave field, an apparatus for actively sup-
pressing interferences 1 an excitation signal, an apparatus for
detecting an 1nverse transmission characteristic of a room
during propagation of a wave field, an apparatus for generat-
ing a prediction error signal from an input signal, an apparatus
for retrieving a usetul signal from an input signal, an appara-
tus for suppressing an interference portion in a received signal
comprising the interference portion and a useful portion, a
method for processing an input signal, a method for detecting
a transmission characteristic ol a room during propagation of
a wave field, a method for actively suppressing interferences
in an excitation signal, a method for detecting an 1nverse
transmission characteristic of a room during propagation of a
wave field, a method for generating a prediction error signal
from an 1nput signal, a method for retrieving a useful signal
from an 1input signal, a method for suppressing an interference
portion 1n a recerved signal comprising the interference por-
tion and the useful portion, and a computer program with a
program code for performing the above-mentioned methods.

The present invention i1s based on the knowledge that a
room characteristic can be characterized at any location by an
elficient utilization of Green’s law. Green’s law allows that
the distribution of a physical field quantity within a closed
volume 1s expressed by the edge distribution as well as of the
gradient of the edge distribution. According to the invention,
this connection 1s utilized to transform a multidimensional
field problem into a multichannel MIMO problem. Instead of
tapping-oil the required quantities directly from the multidi-
mensional field, the respective quantities are tapped oil at an
edge according to the invention, this means that an edge
distribution of the emitted field i1s detected, and not, as 1s
known according to the prior art, by using an mput/output
description.

In order to explain the mnventive concept, first, the case of
adaptive filtering will be discussed below. Contrary to the
known concepts of multichannel adaptive filtering, where the
filter coellicients are only optimized for individual discrete
positions of the room, according to the invention, optimiza-
tion 1s performed across a whole area of the room. This means
that the filter parameters, such as filter coellicients, are not

only determined for individual discrete locations of the room
but for the whole area of the room.

Within a fixed frequency range (below the so-called alias-
ing frequency according to the spatial sampling theorem),
with sufficiently fine time and spatial sampling, a multidi-
mensional continuum can be adaptively exactly reproduced
via multichannel sensor and actor arrays. The actor and sen-
sor arrays can, for example, be transmit and receive antennas
if, for example, a room characteristic with regard to a propa-
gation of electromagnetic waves 1s of interest. Alternatively,
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the actor and sensor arrays can be loudspeaker and micro-
phone systems, 1f the considered wave field 1s an acoustic

sound field.

If a wave field 1s emitted by a plurality of discretely
arranged (discrete) transmitters, a field distribution can be
tapped oif with the help of discretely arranged receive means.
Contrary to the known point to point based approaches
according to the prior art, according to the mvention, a dii-
terent path 1s taken, where the point to point system consid-
eration 1s grven up in favor of a global field consideration.
After tapping-oif the received field, the signals are not used to
determine the room characteristic directly. Rather, starting
from the tapped-oil signals, a decomposition of a wave field
into wave field components 1s performed, wherein a superpo-
sition of the wave field components reproduces the wave field
at every location of the room. The wave field components are
determined based on orthogonal base functions, such as based
on Hankel or Bessel functions. According to the invention, the
wave lield components are processed further, for example to
determine a characteristic of the room at any location (system
identification, for example to eliminate a spatial signal feed-
back of actors and sensors, inverse system modeling, for
example to eliminate the room influence on a usetul signal, or
interference suppression to suppress interferences).

In the following, the mventive concept will be discussed
with the example of propagation of acoustic sound waves.

FIG. 19 shows a room 2301, wherein a virtual source s(t)
2303 1s positioned. The virtual source 2303 can, for example,
be a virtual loudspeaker, which 1s reproduced, for example,
by a wave-field synthesis. A loudspeaker array 2305 1s posi-
tioned 1n a square form 1n the room 2301. Within the region
formed by the loudspeaker array, a circular microphone array

2307 is positioned. A position vector r Mic., €Xtends from the
middle of the circle formed by the microphones up to edge. A

position vector T s, €xtends from the middle of the circle to
any point of the loudspeaker array 23035. Any location at the
edge of the microphone array 2307 can be specified with the

help of the position vector T Mic.q- Witha known radius of the
array formed by microphones, it 1s suilicient to characterize
the geometrical position of a microphone within the micro-
phone array 2307 by indicating the angle ©.

In the following, 1t 1s assumed that the microphones 1n a
microphone array 2307 provide a pressure p(0,t) as well as a
sound velocity v(0,t). Thereby, for example, the arrange-
ments described i D. S. Jagger, “Recent developments and
improvements 1 soundfield microphone technology”, Pre-
print 2064 of 757 AES Convention, Paris, March 1984 can be
used. The wave field tapped-oil by the microphones com-
prises the room influence, which 1s noticeable, for example,
by reflections or scattering at the room walls.

In order to reproduce an effect of the virtual source 1n the
room, the loudspeakers are excitated accordingly. If, for
example, P loudspeakers are positioned, the loudspeaker sig-
nals are:

X(Fis p, 1) = ngj(r)ésf 0, p=1,... ,P

Thereby, x indicates the loudspeaker signals, g the wave-
field synthesis filters and s the source signal. The operator “*”
means convolution. The wave-field synthesis filter (WFS {il-
ter) associates a portion of the virtual source to every loud-
speaker. In the following, this wave-field synthesis system 1s
referred to as “transformation 1a .
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In a further step, the field reproduced by the loudspeaker
array can be extrapolated from the microphone positions of
the circular microphone array. This can be performed by first
calculating a “spatial impulse response” of one loudspeaker
cach to all microphone positions 1n a free wave propagation,
1.¢. without reflections 1n the room. I 1t 1s assumed that every
loudspeaker can be modeled as a point source, which emits
spherical waves, the associated sound velocity can be calcu-
lated 1n normal direction, which 1s most relevant in the two-
dimensional arrangement illustrated in FIG. 19, across an
acoustical impedance of a source wave 1n a Iree field. These
“P impulse responses” p,,,,, are convoluted in time with the
loudspeaker signals and all contributions are then super-
posed.

Thus, for the unreverberated field at the microphone array
emitted by the loudspeakers according to this example, the

following results for the sound pressure p and the sound
velocity v: B

p
plo,, w) = Zﬁimp(rpqa w)- Fodx(rs.p, D},
p=1

C

P 1+~ S S
E JWrpg  —Vpg 'Micg
E(Qqa td) — ] . (rp,q-; {,r_J') ] F(I){-x( )}
p-c Ypg * FMic.g imp
=1
with
| . Tpg

- —j——
¥ (o)) = — & c
P2 ) = Pa

— — —
Fpg = ”rpq” = ”rMEt:,q — rLS,p”

Here, p indicates the density of the emitting media and ¢ the
sound velocity, and F ,,1x(-)} the Fourier transform of x with
regard to time.

As has already been mentioned, first, the unreverberated
sound field 1s considered.

The unreverberated sound field can be decomposed, for
example, into plane wave components, as 1s known from the
paper E. Hulsebos, D. de Vries und E. Bourdillat, “Improved
microphone array configurations for auralization of sound
ficlds by wave field synthesis”, Audio engineering society
101th convention, Amsterdam, May 2001. If the unreverber-
ated sound field 1s divided into plane wave-field components,
1.€. 1nto wave-field components resulting in a plane wave 1n
superposition, the following results for the example of the
circular 2D array:

Hy, (kR)P(Ko. ) = Hi (kR) - jocV (Ko, )
Hyg (kRYH[S (kR) — Hi) (kR)Hy, (kR)

g ko, ) = jO70

with

1 (an .
Plkg, w) = Fig{p(0, w)} = Ef p O, we H°do
0

Vikg, w) = Fip{v(0, w)}

Here, HKQ(”)(-) designates the so-called Hankel functions
of n-th type, kO-th order. Here, kO designates the order of the
extrapoling Hankel function, suchask,=...,-1,0, +1, ...,

the wave number is designated by k=w/c and R=||r el
The above-described steps, 1.e. the determination of the
unreverberated wave field (e.g. at the microphone array) as
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well as the decomposition of the unreverberated sound field
into wave-field components will be referred to below with the
term “transformation 17, wherein here the step for determin-
ing the unreverberated wave field 1s optionally.

In contrary to the above-referenced paper, according to this
embodiment, inventively, Fourier transforms of the pressures
and sound velocities are used. The location dependencies (0)
are thereby replaced by the kO dependencies. According to the
invention, 1t 1s now possible to represent the wave field at any
location of the room (and at any time) with the help of wave-
field components. Particularly, 1t can thereby be represented
how a wave field would look like at the microphone array, 1t
there were no room 1nfluence.

The wave field emitted by the loudspeakers 1s naturally
influenced by the room characteristic, so that a recerve wave
field at the microphone array now differs from a transmuit
wave field.

The recerve wave field 1s detected by the microphone array
and an output signal 1s generated in response to the detected
wave field. The microphones can, for example, be formed
such that they already provide the pressures and the sound
velocities at the respective position as a subsignal of the
output signal. For example, so-called sound-field micro-
phones can be used, as they are known from the already
mentioned paper D. S. Jagger, “Recent developments and
improvements 1in soundfield microphone technology”, Pre-
print 2064 of 75” AES Convention, Paris, March 1984.

Analogously to the described decomposition of the wave
fiecld to be emitted into the wave-field components, the
received reverberated wave field (sound field) can be decom-
posed 1nto wave-field components when using the same
orthogonal wave field base functions, such as Hankel func-
tions. The result of this operation are wave-field components
of the form w, which, as has already been discussed, differ
from the original wave-field components due to a room 1nter-
terence. This immediate decomposition into wave-field com-
ponents will be referred to below with the term “transforma-
tion 27.

The above explanations make the inventive approach clear.
Since the original wave field can be analytically determined at
every location of the room based on 1ts decomposition nto
orthogonal wave-field components, and since a receive wave
field comprising the room influence can be detected and also
be decomposed into wave-field components, the room char-
acteristic can be determined at every location of the room
based on the (uninfluenced) wave field, represented by wave-
ficld components, as well as the reverberated (influenced)
wave field at the microphone array in the form of 1ts wave-
field components. The number of wave-field components 1s
dependent on which orthogonal wave field base functions are
used. A room resolution can be scaled arbitrarily, since a
number of wave-field components which i1s only limited
downwardly by the already mentioned spatial sampling theo-
rem, can be selected 1n any way, without increasing the num-
ber of actors and sensors. Since, according to the invention,
the (plane) wave-field components of the original wave field
and the receive wave field with regard to k, and with regard to
m are orthogonally or almost orthogonally (after temporal and
spatial sampling), adaptive filtering can be performed sepa-
rately for all wave-field components, indicated by k. In this
example, this corresponds to single-channel adaptive filtering
between plane waves on the loudspeaker and microphone
side. In contrary to the prior art, the wave-field components
can now be treated separately, so that the already mentioned
problem of coupling between the different paths (signal cor-
relation) no longer occurs. The wave-field components can
now be specifically processed, for example by filtering.
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It 1s a turther advantage of the inventive approach that the
individual frequency components (wave-field components)
across w are orthogonal or almost orthogonal after sampling
the sensor signals at sufficiently many times. This opens up
the possibility to use already developed approaches for adap-
tive filtering, both 1n the time and frequency domain, so that
the design and realization effort 1s reduced.

The wave-field components of the recerve wave field can
now, for example, be filtered 1n a suitable way to compensate
the room influence. The further processing of the compen-
sated components depends on 1ts desired application. The
turther processed wave-field components can now be used to
reconstruct a wave field by their superposition. If the wave-
field components of the receive wave field are processed 1n
such a way (e.g. filtered), that, for example, the echoes, 1.¢.
reverse influences from actors to sensors, are eliminated, the
sought-for spatial wave field can always be reconstructed,
which can, for example, be performed by using the below
indicated equation.

27 _ ,
p(l}(r’ 9,. {,r_J') — f ﬂ(”r(gfﬂ M)E—jkrﬂﬂs(ﬁ—ﬁ }d;gr
0 O

q.,, indicates the further processed wave-field compo-
nents. The reconstruction rule will be referred to below with
the term “transformation 3.

If the spatial information at the output 1s no longer of
interest, for example, a superposition of the further processed
wave-field components according to p can be output, which
corresponds to an omni-directional directivity characteristic
during recording. Above that, 1t 1s now also possible to output
only certain 0 components, so that a spatially selective further

processing 1s possible. This 1s, for example, advantageous, 11
the inventive concept 1s used for beam forming or noise
SUppression.

Since during the decomposition of the wave field n
orthogonal wave-field components, Green’s law 1s implicitly
used, the 1inventive concept can always be used where edge
distributions of certain quantities are used for the solution of
certain, for example mathematical, problems. Fields of appli-
cation of the inventive concept can be, for example, all physi-
cal phenomena that can be described by partial differential
equations, for example 1n acoustics (audible sound waves,
ultrasound, etc.), seismology, hydrodynamics, acrodynamics
or electrodynamics.

It 1s another advantage of the present invention that the
inventive concept, for example with multidimensional filter-
ing, has a reduced hardware or computing effort compared to
the known concepts according to the prior art. The effort
reduction 1s caused by the fact that during filtering or further
processing of the wave-field components, their number does
not generally depend on the number of positioned sensors or
actors, but 1s merely limited by the spatial sampling theorem,
since the number of wave-field components 1s a mathematical
quantity, whose further processing 1s implemented, for
example, 1n a processor 1n appropriate way. The further
advantage 1s the obtained orthogonality of the wave-field
components. The mventive concept allows also an improve-
ment of the convergence properties during adaptive filtering
of the wave-field components, since the same are orthogonal
to each other, as has already been mentioned.

It 1s another advantage of the present invention that the
elfort in maintaining a desired parameter convergence can be
minimized when the concept of multichannel adaptive filter-
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ing 1s extended to the multidimensional case, since the wave-
field components can be considered like signals.

As has already been mentioned, according to the invention,
adaptive filters are considered, which are explicitly based on
partial differential equations. Thereby, the inventive filters are
not only optimized at individual room positions, but accord-
ing to the spatial sampling theorem continuously across the
whole area of the room. The sampling theorem 1s known from
the following paper, D. H. Johnson and D. E. Dudgeon, Array
Signal Processing: Concepts and Techniques, Prentice Hall,
Upper Saddle River, N.J., USA, 1993,

As has already been mentioned, the number of required
actors and sensors 1s reduced according to the mnvention, since
measurements and influences have to be made only at the
edge, instead of the whole room volume. In many applica-
tions, 1t would not be practical, to place sensors or actors in
the whole volume of the room. This 1s, for example, the case
when a room 1s for example, to be measured during an opera
performance. By reducing the number of sensors and actors,
a convergence improvement ol adaptation 1s obtained, since a
redundancy within the field 1s taken out. This results from the
already mentioned fact that the number of wave-field com-
ponents can be determined by the sampling theorem and not
by the number of receive means or transmit means.

By combining the adaptive MIMO filtering with an appro-
priate multidimensional transformation, a further reduction
ol the complexity and an improvement of the convergence can
be obtained, as has been shown with regard to the above
example. Transformations causing an orthogonalization of
the spatial and temporal components are particularly advan-
tageous. Particularly, a decomposition according to the
orthogonal base function of the field problem can be used.
Such decompositions are, for example, described 1n the
papers K. Burg, H. Haf and F. Wille, Hohere Mathematik fiir
Ingenieure—Band V: Funktionalanalysis und Partielle Dii-
terentialgleichungen, Teubner Verlag, Stuttgart, 1993 and A.
Sommerield, Vorlesungen Uber theoretische Physik—Band
VTI: Partielle Differentialgleichungen der Physik, Verlag Harri
Deutsch, Frankfurt, 1978. Parts of these, are, for example, the
wave components of a coordinate system adapted to the
respective application. In dependence on the geometry of the
sensor and actor arrangement, for example, plane waves,
spherical waves or cylindrical waves can be used, 1.e. the
orthogonal wave field functions comprise Hankel, Bessel,

cylinder or spherical functions, as described in the papers E.
Williams, Fourier Acoustic, Academic Press, London, UK,
1999 and A. Berkhout, Applied Seismic Wave Theory,
Elsevier, Amsterdam, The Netherlands, 1987.

It 1s another advantage of the present mvention that the
already mentioned applications, which are so far only known
in the context of adaptive filtering or according to the prior art
(for example system 1dentification, prediction), can now be
cificiently extended to the multidimensional adaptive filter-
ing with the help of the new approach, whereby new fields of
application open up. For example, arbitrary room properties
can be determined at arbitrary locations of the room with the
help of the traditional adaptation techniques, which 1s, for
example, advantageous for a sound reproduction via wave-
field synthesis or for recording via wave-field analysis.

BRIEF DESCRIPTION OF THE DRAWINGS

These and other objects and features of the present mven-
tion will become clear from the following description taken in
conjunction with the accompanying drawings, in which:
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FIG. 1 1s a basic block diagram of an inventive apparatus
for processing an mmput signal according to a first embodi-

ment,

FIG. 2a 1s a block diagram of multidimensional adaptive
filtering according to an embodiment of the present invention;

FIG. 26 1s a block diagram of multidimensional adaptive
filtering according to a further embodiment of the present
invention;

FIG. 3 1s a block diagram of an adaptive filter according to
the present invention;

FIG. 4 1s a basic block diagram of an apparatus for detect-
ing a transmission characteristic of a room according to a first
embodiment of the present invention;

FIG. 5 1s a basic block diagram of an inventive apparatus
for echo cancellation;

FIG. 6 1s a further embodiment of an apparatus for echo
cancellation;

FIG. 7 1s a basic system arrangement 1n an active sound
SUppression;

FIG. 8 1s an embodiment of an arrangement of microphone
and loudspeaker arrays according to a first embodiment of the
present invention;

FIG. 9 1s a basic block diagram of an inventive apparatus
for active sound suppression according to a first embodiment
ol the present invention;

FIG. 10 1s a basic block diagram of an inventive apparatus
for detecting an inverse transmission characteristic of a room
according to a first embodiment;

FIG. 11 1s a further embodiment of an inventive apparatus
for detecting an inverse transmission characteristic of a room;

FIG. 12 1s a block diagram of an inventive arrangement for
multidimensional acoustic room cancellation;

FIG. 13 1s a basic block diagram of an inventive apparatus
for generating a prediction error signal;

FIG. 14 1s a basic block diagram of an inventive apparatus
for retrieving a useful signal from an input signal according to
a first embodiment of the present invention;

FIG. 15 1s a basic block diagram of an inventive apparatus
for suppressing an interference portion 1n a recerved signal to
a first embodiment of the present invention;

FIG. 16 1s a further embodiment of an inventive apparatus
for suppressing an interference portion;

FIG. 17 1s a further embodiment of an inventive apparatus
for suppressing an interference portion;

FIG. 18 1s an embodiment of a computer program for
performing an inventive echo cancellation;

FIG. 19 1s an embodiment of an inventive arrangement of
loudspeakers and microphones 1n a room:;

FIG. 20 1s a basic block diagram of adaptive filtering
according to the prior art;

FIG. 21 1s a basic block diagram of a system 1dentification
structure according to the prior art;

FIG. 22 1s a basic block diagram for mverse modeling
according to the prior art;

FI1G. 23 15 a basic block diagram for prediction according to
the prior art; and

FIG. 24 1s a basic block diagram for interference suppres-
s1on according to the prior art.

DESCRIPTION OF THE PREFERRED
EMBODIMENTS

FIG. 1 shows a first embodiment of an mnventive apparatus
for processing an input signal. The apparatus has a means 101
for providing a plurality of wave-field components, wherein
the means 101 for providing the plurality of wave-field com-
ponents has an mput 103 as well as plurality of outputs 105.
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Further, the apparatus for processing an input signal has a
plurality of single filters 107, wherein every output 105 of the
means 101 for providing the plurality of wave-field compo-
nents 1s coupled to a single filter 107. The plurality of single
filters 107 has a plurality of outputs 109, wherein one output
109 15 associated to every single filter 107.

In the following, the mode of operation of the apparatus
shown 1n FIG. 1 will be explained.

The means 101 for providing the plurality of wave-field
components receives an mnput signal via the mput 103,
wherein the mput signal has a number of subsignals, which
are associated to discrete transmit or receive means. The
discrete transmit or receive means are disposed at predeter-
mined geometrical positions with regard to a room. The geo-
metrical positions can, for example, be a circular arrangement
or a linear arrangement. The means 101 for providing the
plurality of wave-field components 1s formed to derive the
wave-field components from the input signal based on
orthogonal wave field base functions and the predetermined
geometrical positions. Superposition of the wave-field com-
ponents results in a composite wave field which can be propa-
gated 1n the room. The wave field can, for example, be a wave
field which 1s emitted or recerved, respectively, as has already
been discussed. The wave field can be an acoustic sound field,
an electromagnetic field or another wave field that can be
decomposed mto wave-field components with the help of
orthogonal wave field base functions. Here, i1t should be noted
that the imnventive apparatus do not operate on the wave field
itself but on its representation by, for example, electrical
signals.

As has already been mentioned, the mput signal has a
plurality of subsignals associated to the transmit or receive
means, respectively. The subsignals can, for example, be
excitation signals for the respective transmit means. Analo-
gously, the subsignals can also be recerved signals associated
to the respective recerve means.

The wave-field components that can be output via outputs
1035 are supplied to a plurality of single filters 107. The single
filters are, for example, digital filters filtering the respective
wave-field components with the help of filter coelficients.
The filter coetlicient sets can, for example, be equal or differ-
ent filter coellicient sets, so that the plurality of wave-field
components each experience a different influence by the {il-
ter. Thus, the single filters are formed to influence the asso-
ciated wave-field component such that a plurality of filtered
wave-field components representing a processed input signal
1s obtained on the output side with regard to the plurality of
single filters. The processed mnput signal can, for example, be
the plurality of wave-field components after filtering.

As has already been mentioned, the composite wave field
can be an acoustic sound field, which can be generated by the
discrete transmit means at the predetermined geometrical
positions of the room, or which can be detected by discrete
receive means at the predetermined geometrical positions of
the room. In that case, the subsignals comprise an associated
sound pressure and/or an associated sound velocity of the
sound field at a predetermined geometrical position of the
room.

The means 101 for providing 1s formed to determine the
wave-field components as a connection between a quantity
based on the sound pressures and/or a quantity based on the
sound velocities with the orthogonal base functions. The
quantities can be the sound pressures or sound velocities
themselves, respectively. Alternatively, the quantities based
on sound pressures or sound velocities, respectively, can be
Fourier transforms of the respective sound pressures or sound
velocities, respectively. In that case, the means 101 for pro-

10

15

20

25

30

35

40

45

50

55

60

65

14

viding comprises a transformer for generating a spatial Fou-
rier transform of the sound pressures as quantity based on the
sound pressures and/or for generating a Fourier transform as
quantity based on the sound velocities.

The connection of quantities based on sound pressures
and/or sound velocities, can, for example, be the already
described connection for generating wave-field components
based on Hankel functions. Basically, any orthogonal wave-
field function (wave-field base function) can be used, wherein
the orthogonal wave-field functions comprise, for example,
Hankel or Bessel or cylinder or spherical functions 1n any
dimension, such as 2D or 3D.

Since, according to the invention, a decomposition of the
wave field can be performed by a signal processor or digital
computer, it 1s advantageous that the orthogonal wave-field
functions are available as function values. In that case, the
iventive means for providing the plurality of wave-field
components comprises a means for providing discrete func-
tion values of orthogonal wave-field functions, such as of
support values of Hankel functions 1n dependency on ke. The
means for providing discrete wave-field functions can, for
example, comprise a memory where the discrete function
values can be stored.

Alternatively, the means for providing discrete function
values can be a processor, which calculates the respective
function values, for example based on quantities combined 1n
tables, and provides the same.

As has already been mentioned, the single filters can be
digital filters, each having discrete filter coellicient sets. The
filter coellicients can be fixed to generate a predetermined
characteristic ol the wave-field components and thus the com-
posite wave lield. Alternatively, the single filters can be
formed to receive the discrete filter coellicients for filtering
the respective wave-field component. This 1s particularly
advantageous when the single filters are fixed adaptively. To
determine the filter coelficients adaptively, the inventive
apparatus for processing comprises a means for determining
discrete filter coetlicients, wherein the means for determining
discrete filter coellicients 1s formed to receive a reference
wave-field component for a single filter and to determine the
discrete filter coellicients by minmimizing a difference
between the reference wave-field component and the wave-
field component. The reference wave-field component can be,
for example, the wave-field components of a desired wave
field, which has certain local properties, such as a certain local
field strength. The wave-field components can be, for
example, the wave-field components of the receive wave
field, which are to be filtered such that after filtering a desired
wave field occurs, as has already been described in connec-
tion with adaptive filtering.

Minimizing the difference between the reference wave-
field coefficients and the wave-field coefficients can, for
example, be performed adaptively. In that case, the inventive
means for determining discrete filter coetlicients 1s formed to
determine the discrete filter coellicients adaptively, for
example 1n the time or frequency domain, based on known
algorithms. In order to calculate the filter coetlicients adap-
tively, for example, the algorithm according to the criterion of
the mean squared error (MSE), the criterion of the minimum
mean-squared error (MMSE), the criterion of the least mean
square (LMS) can be used. Above that, the RLS algorithm
(RLS=recursive least squares) or the FDAF algorithm
(FDAF=Irequency domain adaptive filtering) or another
known adaptive algorithm or a vaniation of the same, can be
used.

The inventive means for providing a plurality of wave-field
components can, for example, be formed to perform the men-
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tioned transformation 1la and 1 to determine a wave field
decomposition. Alternatively, the mventive means 101 for
providing the plurality of wave-field components can be
formed to perform the already described transtormation 2,
where already the pressures and the sound velocities can be
used directly for wave field decomposition 1n the case of an
acoustic sound field.

The plurality of filtered wave-field components at the out-
put of the plurality of single filters 107 can already be trans-
mitted to a distant means in this form 1n order to be further
processed there. Alternatively, the mventive apparatus can
comprise a means for reconstructing a wave field from the
filtered wave-field components. The means for reconstructing
not shown in FI1G. 1 1s formed to reconstruct the filtered wave
field by superposition of the quantities based on filtered wave-
field components, and to provide a processed input signal, 1n
response to which the reconstructed wave field can be gener-
ated by a plurality of discrete transmit means, such as loud-
speakers. Preferably, the mventive means for reconstructing
1s formed to perform the already mentioned transformation 3
to reconstruct the filtered wave field by a Fourier-based trans-
form of the filtered wave-field components.

FI1G. 2a shows an embodiment of an adaptive multidimen-
sional filter, which can be used for filtering the wave-field
components according to the invention.

The filter apparatus illustrated in FIG. 2a comprises a filter
201, which can be a multidimensional filter. In this case, the
filter 1s characterized by a matrix of filter coellicients. Alter-
natively, the multidimensional filter 201 can consist of a
series of single filters arranged adjacent to each other. The
filter 201 has an input 203 as well as an output 205. The output
205 of the filter 201 1s coupled to the adder 207, wherein the
adder 207 has an output 209 as well as a further input 211. A
means 213 for determining filter coelfficients (adaptation
algorithm) 1s disposed between the mput 203 of the filter 201
and the output 209 of the adder 207. The means 213 for
determining the filter coellicients has an output 213, to which
the filter 201 1s coupled. The multidimensional filter appara-
tus illustrated 1n FIG. 2a has a structure which has already
been discussed 1n connection with the embodiment shown 1n
FIG. 20. Depending on which locations the transformations 1,
2 or 3 are performed, the filter apparatus shown in FIG. 2a can
be used to process the mnput signal.

FIG. 256 shows the filter apparatus illustrated 1n FIG. 24
with an iventive outer wiring.

In contrary to the embodiment shown 1n FIG. 24, the appa-
ratus illustrated 1n FIG. 26 has a transformation block 206
with an input 207 as well as an output, which 1s coupled to the
input 203 of the filter apparatus 201. Above that, the filter
apparatus illustrated in FIG. 2b has a transformation block
219 with an 1input 221 as well as an output coupled to the input
211 ofthe adder 207. Further, the filter apparatus illustrated 1in
FIG. 25 comprises a transformation block 223 with an output
225 as well as an 1nput, which 1s coupled to the output 209 of
the adder 207.

In the following, the mode of operation of the filter appa-
ratus 1llustrated in FIG. 256 will be explained.

In dependence on a respective functionality of the trans-
formation blocks 216, 219 as well as 223, the filter apparatus
illustrated 1n FIG. 25 can be used for filtering a recerved wave
field. In that case, an input signal 1s applied to the mput 217,
which 1s associated to the recerve apparatus. If the wave field
1s an acoustic sound field, for example, as has already been
described, quantities can be applied to the input, which indi-
cate directly the pressures and/or directly the sound veloci-
ties. In that case, the transtformation block 216 1s formed to
determine the already mentioned transformation 2. Then, the
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excitation signals can be applied to the mnput 221. In that case,
the transformation block 219 1s formed, to perform the trans-
formations 1a and 1. The filtered wave components are fil-
tered after a possibly repeated determination of the filter
coellicients by an adaptation algorithm, which the means 213
for determiming filter coellicients performs. The filtered
wave-field components are then subtracted from the reference
wave-field components applied to the input 211 of the adder
207, and the result 1s output via the output 209. The transior-
mation block 223 performs, for example, the transformation
3, to reconstruct the processed wave field from the processed
wave-field components, which are applied to the output 209.

The transformation blocks 216, 219 or 223, respectively,
can perform any transiformation, such as transformation 1,
transformation 2 or transformation 3, which has the effect that
wave-field components of wave fields are applied to the
mputs 203 and 211, and that a reconstructed wave field 1s
output at the output 225.

FIG. 3 shows an embodiment of an adaptive filter apparatus
according to the present invention. The adaptive filter appa-
ratus comprises an adaptive filter 301 with an mput 303 as
well as an output 305. Further, the adaptive filter 301 has an
adaptation input 307, which 1s coupled to an output 309 of an
adder 311. The adder 311 has an input 313 as well as a further
input coupled to the output 305 of the adaptive filter 301.

In the following, the mode of operation of the filter appa-
ratus 1llustrated mn FIG. 3 will be explained.

The adaptive filter 301 illustrated in FIG. 3 1s formed to
determine a vector of filter coelficients H(ke, n+1) starting
from the previous vector of filter coeflicients H(ke, n) by
using the 1llustrated equation. q; «( )co, n) indicates the wave-
field components to be filtered at the time n. Filtering the
wave-field components 1s performed with filters having tem-
porally finite impulse responses.

Orstkan)=qrslkan)qrstkan-1), . . . qrslken-L+

1"

designates a vector of wave-field components of the respec-
tive L last discrete times. The vector at a time n has the same
dimension as the vector of the filter coetficients. To determine
the filter coellicients, the adaptive filter 301 1s formed to
pertorm the adaptation equation indicated in FIG. 3. q__ (K,
n) indicates the processed wave-field components. q, . (kg.n)
indicates the wave-field components of a receive wave field,
such as tapped-oif by microphones.

The filter coellicient vector at the next time 1s formed with
the help of step width p, such as 1 1=0.01. The adaptation
equation 1illustrated 1n FIG. 3 1s based on the known LMS
algorithm. Alternatively, an RLS algorithm or an FDAF algo-
rithm or other known algorithms can be used as adaptation
algorithms. For clarity reasons, the filter apparatus 1llustrated
in FIG. 3 1s only designed for a local mode k,. The column
vector containing the estimated filter parameters describes
temporal behavior of the considered local mode, which 1s
addressed by the considered past coefficients. With a plurality
of local modes, such as five modes, correspondingly, five
wave-field components will have to be processed. According
to an embodiment of the present invention, a multidimen-
sional filter apparatus can comprise five apparatuses con-
nected 1n parallel 1n the form as 1llustrated 1 FIG. 3. Alter-
natively, 1t 1s also possible that the wave-field components
associated to diflerent local modes are processed 1n series.

FIG. 4 shows an embodiment of an inventive apparatus for
detecting a transmission characteristic of a room during
propagation of a wave field. The wave field can be an elec-
tromagnetic wave field or an acoustic sound field, which, in
response to the mput signal, can be generated by transmit
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means disposed at certain geometrical positions of the room
and propagates 1n the room. A recetve wave field 1s tapped off
by receive means disposed at certain geometrical positions of
the room, wherein the receive means generates an output
signal 1n response to the recerve wave field. The input signal
for exciting the wave field has a plurality of subsignals asso-
ciated to the discrete transmit means. The subsignal can, for
example, be different excitation signals for the different trans-
mit means. The output signal can, for example, comprise a
plurality of output subsignals, wherein each of the output
subsignals 1s associated to each receive means.

The apparatus illustrated in FIG. 4 for detecting a trans-
mission characteristic of a room has a structure based on the
structure for system identification illustrated in FIG. 21. The
apparatus illustrated 1n FIG. 4 1s a means 401 for generating
a copy. The means 401 for generating the copy can, for
example, be a signal divider or signal branch. The means 401
for generating the copy has an input 403, a first output 4035 as
well as a second output 404. The first output 4035 1s coupled to
an apparatus 407 for processing an mput signal, wherein the
means 407 has a structure as has already been discussed, for
example in connection with the embodiment illustrated 1n
FIG. 1. The apparatus 407 for processing the mput signal
illustrated 1n FIG. 4 comprises a means 409 for providing a
plurality of wave-field components. The means 409 for pro-
viding the plurality of wave-field components has an input
connected to the first output 405 of the means 401 for gener-
ating the copy. The means 409 for providing the plurality of
wave-field components has further a plurality of outputs 411,
wherein each of the outputs 411 1s coupled to a single filter of
the plurality of single filters. For clarity reasons, the plurality
of single filters 1s combined 1n the embodiment shown 1n FIG.
4, and combined to a plurality 403 of single filters. The
plurality of outputs 415 1s coupled to a plurality of inputs of a
subtracter 417, which can also be an adder. Further, the sub-
tracter 417 has a plurality of further inputs 419. Above that,
the subtracter 417 comprises a plurality of outputs 421.

The plurality of outputs 421 of the subtracter 417 1s
coupled to a plurality of inputs of a means 423 for determin-
ing discrete filter coelficients. The means 423 for determining
discrete filter coefficients has further a plurality of further
inputs 425, which 1s coupled to the plurality of outputs 411 of
the means 409 for providing the plurality of wave-field com-
ponents of the apparatus 407 for processing the mput signal.

The second output 404 of the means 401 for generating the
copy 1s coupled to one of the discrete transmit means not
illustrated 1n FIG. 4, which are positioned 1 a room 427,
whose characteristic 1s to be determined. The discrete trans-
mit means can, for example, be positioned in a circular or
linear way, as has already been mentioned. Further, a plurality
of receive means not illustrated i FIG. 4 1s positioned 1n the
room 427, which are coupled to an output 429 of the room 427
(the unknown system). The output 429 of the room 427 1s
coupled to ameans 431 for providing a plurality of wave-field
components. The means for providing the plurality of wave-
field components has a plurality of outputs, which 1s coupled
to the further inputs 419 of the subtracter 417.

In the following, the mode of operation of the apparatus
illustrated in FIG. 4 will be explained.

The means 409 and 431 for providing the plurality of
wave-field components are formed to determine the wave-
field components of the wave field or the recerve wave field,
respectively, based on the copy of the input signal or based on
the output signal, respectively, as has already been explained.
In response to the mput signal, which 1s applied to the mnput
404 of the room, the wave field 1s generated, which propa-
gates 1n the room. In response to the recerve field detectable
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by the discrete recetve means, an output signal 1s via the
output 429 of the room, based on which the means 431 for
providing the plurality of wave-field components determines
the same. If the wave field 1s an acoustic sound field, the
means 409 1s formed to perform the transformations 1a and 1
or only transformation 1, respectively, which means to deter-
mine first the sound pressures and the sound velocities from
the mnput signal exciting the transmit means, 1n order to ana-
lytically determine the wave-field components of the wave
field, which 1s emitted, at any location of the room 427, based
on the determined sound pressures and sound velocities. For
tapping oil the receive field, a microphone array 1s positioned
in the room 427, wherein the microphones are formed to
output direct sound pressures and/or sound velocities as out-
put subsignals.

Based on these output sound pressures or sound velocities,
respectively, the means 431 for determining the plurality of
wave-field components performs the already described trans-
formation 2.

The subtracter 417 1s formed to determine a plurality of
difference wave-field components and to provide the same via
outputs 421 to the means 423 for determining discrete filter
coellicients. The difference wave-field components are deter-
mined from a difference between the plurality of filtered
wave-field components, which can be output via outputs 4135
of the plurality of single filters 413, and the plurality of
wave-field components of the output wave field, which can be
output via the outputs 419 of the means 431 for determining
the plurality of wave-field components. Further, those wave-
field components, which can be provided by means 419 are
available for the means 423 for determiming discrete filter
coellicients. The means 423 for determining discrete filter
coellicients performs, for example, one of the possible mini-
mization algorithms, as has already been described. As result
of the algorithm, the filter coelficients determined 1n the
respective adaptation step are provided via the outputs 433,
which are each coupled to a filter of the plurality of single
filters, to the same. By using the newly calculated filter coet-
ficients, the wave-field components provided by the means
409 for providing the plurality of the wave-field components
are filtered in the next step. With a full adaptation of the filter
coellicients, the plurality of filtered wave-field components
provided by the plurality of single filters corresponds to the
plurality of wave-field components of the output wave field.
In that case, the filter coellicients of the plurality of single
filters describe the characteristic of the room, such as its
transmission behavior with regard to wave propagation.

Based on the determined discrete filter coeflicients, an
equalization of the wave-field components can be performed,
in order to reverse the intluences of the room on the propa-
gating wave field. Thereby, i contrary to conventional
approaches, the wave-field components of the wave field are
equalized. This can, for example, be an equalizer operating 1n
the sense of the minimum mean error square.

For equalizing the wave-field components, an apparatus
for equalizing can be used according to a further embodiment
ol the present invention, which equalizes the wave-field com-
ponents of an output wave field based on the determined
discrete filter coellicients. The equalized wave-field compo-
nents are then superposed to an equalized wave field, which
can be further processed.

The mventive concept according to FIG. 4 can also be used
to perform a multidimensional acoustic echo cancellation
(AEC) for tull duplex communication systems based on an
acoustic wave-field synthesis. Inthat case, the inventive appa-
ratus for detecting a transmission characteristic of a room
further comprises a means for reconstructing a wave field
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from difference wave-field components not illustrated in FIG.
4. The basic 1dea of echo cancellation 1s to digitally reproduce
the echo paths consisting of loudspeakers, room and micro-
phones, with the help of filter structures in order to avoid
acoustic feedbacks (and thereby instability, 1.e. feedback
howling) across the room of the respective communication
partner. Thus, the loudspeaker-room-microphone system rep-
resents the system to be 1dentified, which 1s indicated by the
room 427 in the embodiment 1llustrated 1n FIG. 4. The adap-
tive filter 1s excited by the loudspeaker signals and the esti-
mated echo signals are subtracted from the microphone sig-
nals (output signals of the unknown systems), which contain
the actual echoes. With an exact match of the model with the
actual system, the echo i the microphone signals would be
tully cancelled. According to the invention, an acoustic echo
cancellation 1s realized multidimensionally for multichannel
wave-field synthesis systems.

FIG. 5 shows an embodiment of an inventive structure for
acoustic echo cancellation. The structure illustrated 1n FIG. 5
has a transformation block 501 with an input 503 as well as an
output 505. The output 505 1s coupled to an adaptive filter
507. The adaptive filter 507 has an output 509 as well as an
adaptation mput 511. The adaptation mnput 511 1s coupled to
an output of a subtracter 513. The subtracter comprises an
input coupled to the output 509 of the adaptive filter 507, as
well as a further mnput coupled to a transformation block 515.
The transformation block 515 has an input 517. The output of
the adder 513 1s further coupled to an mput of a transforma-
tion block 519 having an output 521.

In the following, the functionality of the structure illus-
trated 1 FI1G. 5 will be explained.

The mput signals supplied to the loudspeaker array 1n order
to excite the loudspeakers are supplied to the transformation
block 501, which 1s formed to determine the wave-field com-
ponents from the input signals, wherein, for example, the
transformations 1a and 1 are performed. The wave-field com-
ponents are then supplied to the adaptive filter 507, and adap-
tive filtering of the components 1s performed, as has already
been discussed 1n connection with the embodiment illustrated
in FIG. 3. The output signals coming {rom the microphone
array are used for wave field decomposition 1n order to deter-
mine wave-field components of the received signal. There-
fore, the transformation block 515 i1s used, wherein, for
example, the above-described transformation 2 1s performed.
The processed wave-field components at the output of the
subtracter 513, which can also be an adder, are supplied to the
transformation block 519, which 1s formed to reconstruct the
processed wave field, wherein, for example, the described
transformation 3 is performed. The processed wave field 1s
then present at the output 521.

The structure for acoustic echo cancellation 1llustrated in
FIG. 5 canthen be used to decouple the loudspeakers from the
microphones. The echo cancellation i1s performed in the
wave-field range according to the mvention.

FIG. 6 shows a further apparatus for acoustic echo cancel-
lation according to a further embodiment of the present inven-
tion, wherein the structure 1llustrated in FI1G. 6 1s based on the
inventive structure for acoustic echo cancellation already dis-
cussed 1n connection with FIG. §.

The structure for echo cancellation illustrated 1n FIG. 6 has
a transformation block 601 having an mput 603 as well as a
plurality of outputs 605. The plurality of outputs 603 1s
coupled to a plurality of adaptive subfilters 607, wherein each
of the adaptive subfilters has an output 609 as well as an
adaptation mput 611. Each of the adaptive subfilters 609 is
coupled to a subtracter 613, which can also be an adder. Each
of the subtracters 613 has an mput 615, an mput 617, with
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which the output of the respective adaptive subfilter 607 1s
coupled, as well as an output 619. A transformation block 621
1s coupled to the plurality of outputs 619 of the plurality of
subtracters 613, which has an output 623.

Further, the embodiment illustrated 1n FIG. 6 has a trans-
formation block 625, which has an mput 626 as well as a
plurality of outputs, which are coupled to the plurality of
iputs 615 of the plurality of subtracters 613.

The input 603 of the transformation block 601 1s coupled to
a transmission path 627. The transmission path 627 1s further
coupled to a loudspeaker array 629, which 1s circularly posi-
tioned 1 a room 631. Further, a microphone array 633 1s
circularly disposed in the room 631, wherein the discrete
receive means (microphones) provide an output signal, which
1s available for the transtformation block 625 via the input 626.

The geometrical position of each transmit or receive means
(loudspeaker or microphones, respectively) 1s determined by
the angle ® indicated 1n FIG. 6 and the respective radius, as
long as all microphones and loudspeakers are on one level.

In the embodiment 1llustrated 1n F1G. 6, for clarity reasons,
both circular loudspeakers and microphone arrays are
assumed, so that an idenftification 1s performed in a level
defined thereby. In order to fully detect the wave field (includ-
ing directivity information), the microphone array consists
preferably of specific microphones, so-called sound field
microphones as are known from the paper D. S. Jagger,
“Recent developments and improvements in soundfield
microphone technology”, Preprint 2064 of 75”7 AES Conven-
tion, Paris, March 1984. These microphones provide both a
pressure curve and the sound velocity on a circular line,
wherein the sound field in this room can be reproduced
exactly via wave-field synthesis at the other end of the tele-
communication system, on which the embodiment 1llustrated
in FIG. 6 1s based. The sound field recorded by the micro-
phone array contains also the echo originating from the loud-
speaker array across the room, which 1s to be cancelled.

As has already been discussed, in the transformation
blocks 601, 625 as well as 621 (transformation units), both the
unreverberated field of the loudspeaker array and the rever-
berated field recorded by the microphone array are decom-
posed, for example into plane wave-field components, each
propagating in different directions. Since 1n this example both
arrays are circular, polar coordinates are suitable for a
description. The plane wave-field components can be
obtained 1n the wavenumber range via the angle O (so-called
plane wave decomposition). Since these wave-field compo-
nents are orthogonal to each other, they can be processed
turther independent of each other for different values of the
wave number with regard to the angle across the arrays.
Known single-channel adaptation algorithms, as have already
been described, are now applied to the single wave-field com-
ponents. The whole field cleared of loudspeaker echoes 1s
finally again synthesized (reconstructed) in the transforma-
tion unit 621 from the individual wave-field components.

In deviation from the structure illustrated in FIG. 6, other
variations for the acoustic echo cancellation for a wave-field
synthesis are possible. For example, virtual source signals S,
are applied to the input 603, so that first a wave-field synthesis
1s performed by using the already described transformation
1a. The transformation block 601 provides the required wave-
field components from the signals obtained thereby, as has
already been described.

Alternatively, a wave-field synthesis can be performed
separately for output and for filtering. In that case, the trans-
formation block 601 is extended by a wave-field synthesis.

According to a further embodiment of the present imnven-
tion, wave-field components, which are, for example, plane
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wave-field components, already exist at the input 603. This
case 1s of interest when an efficient transmission based on
source coding 1s already used 1n the inventive transformation
domain, such as can be the case 1n teleconierence systems. If
decomposed wave-field components are already applied at
the mput 603, the transformation block 601 1s formed to
transmit the wave-field components to the adaptive subfilters.
Alternatively, the transformation block 601 can be omitted.
The other transformations are performed as has already been
described.

According to a further embodiment, the transformation
block 621 can be omitted. If the transformation block 621 1s
omitted, an efficient transmission or storage can be per-
formed, for example 1n the plane-wave range. The synthesis
can then be performed only on the receive side of the trans-
mission path or when reproducing the memory content.

A Turther concept, which 1s traditionally also part of the
discussed class of system 1dentification methods, 1s a spatial
active noise control (ANC). Therefore, for canceling an 1nter-
terence sound, adaptively, an opposing sound 1s generated, as
indicated i FIG. 7. Thereby, an interference source 703 is
within the room 701, which causes the interference sound.
The original interference signal 1s received by a receive
means 705, and a signal based thereon 1s supplied to an
adaptive filter 707. The adaptive filter 707 has an adaptation
iput 709 as well as an output 711, wherein the output 711 1s
connected to a loudspeaker 713 for generating the opposing
sound. A residual error signal 1s received by a further receive
means 715, and a signal based thereon 1s applied to the adap-
tation mput 709 of the adaptation filter 707. As illustrated in
FIG. 7, a sound field propagates 1n the direction marked by the
drawn arrow. Thereby, the filter 1s adapted for so long until an
opposing sound 1s generated, which at best compensates the
interference sound fully, so that the further receive means 713
can recerve no signal 1n the 1deal case.

According to a further embodiment of the present inven-
tion, active noise control can already be performed in the
wave range.

FI1G. 8 1llustrates an embodiment of an inventive arrange-
ment of a microphone array 801, a loudspeaker array 803 as
well as a microphone array 8035. Thereby, the respective
arrays are arranged 1n a circle. The microphone array 805 has
the smallest radius. Around the microphone array 803, the
loudspeaker array 803 1s arranged in a circle. Around the
loudspeaker array 803, the microphone array 801 with the
largest radius 1s arranged 1n a circle. If an interference comes
from outside, it 1s the aim to generate such an opposing sound
that silence prevails within the inner region 807. According to
the invention, multidimensional extension of active noise
control 1s obtained by replacing the loudspeakers and micro-
phones 1n FIG. 7 by the mentioned arrays. Adaptation 1s
performed 1n the transformation range, as has already been
shown 1n connection with echo cancellation. Thereby, the
microphone array 801 provides a reference for an interference
field. The microphone array 805 provides a field of the
residual error.

FIG. 9 shows a resulting structure for active noise control
tor the above-discussed case, wherein for simplicity reasons
the structure for a wave-field component 1s 1llustrated.

The apparatus 1llustrated in FIG. 9 comprises an adaptive
subiilter 901, which has an input 903 as well as an output 905.
Further, the adaptive subfilter 901 has an adaptation 1nput
907. The signals coming from the microphone array 801 are
recerved from a transtormation block 909, wherein the trans-
formation block 909 1s formed to provide wave-field compo-
nents of the field received by the microphone array 801 to the

input 903. The output 905 of the adaptive subfilter 901 1s

5

10

15

20

25

30

35

40

45

50

55

60

65

22

connected to a transformation block 911, which i1s formed to
perform a reconstruction of the wave field based on a super-
position of the wave-field components and to excite the loud-
speaker array 803. In response to a recerve field, the micro-
phone array 805 provides an output signal to a transformation
block 913, which 1s formed to determine wave-field compo-
nents of the recerve field tapped-oil by the microphone array
803 and to provide the same to the respective adaptation input
907 of the adaptation subfilter. The adaptation subfilter 1s
formed to perform an adaptation of the filter coelficients, as
has already been discussed. If the filter 1s adapted, the loud-
speaker array 803 1s excited such that the interference coming,
from the outside 1s compensated in the inner region 807.

According to a further scenario, the interference comes
from 1nside. It 1s the aim of the adaptation algorithm to gen-
erate such an opposing sound 1n the external region, 1.¢. in the
region outside the microphone arrangement, that the interfer-
ence 1s cancelled. According to the ivention, the block dia-
gram 1llustrated in FIG. 9 1s mirrored, wherein the roles of the
microphone arrays 805 and 801 are exchanged.

According to a further scenario, the interference comes
both from 1nside and from outside. In this case, according to
the invention, a parallel use ofthe block diagram illustrated in
FIG. 9 and 1ts mirrored version becomes necessary. In this
case, processing mcoming and outgoing wave-field compo-
nents 1s required during recording and replay. In order to be
able to differentiate the propagation directions, 1t 1s required
that the respective microphone arrays measure both sound
pressures and sound velocities (at least 1n normal direction).

Apart from system 1dentification, inverse system modeling
plays an important part, for example for filtering an output
signal of a system. If the filter coellicients are equalizer coel-
ficients, the same describe an 1nverse transmission character-
istic of the considered system.

FIG. 10 shows an embodiment of an apparatus for detect-
ing an nverse transmission characteristic of a room during
propagation of a wave field, wherein the wave field 1s gener-
ated by discrete transmit means disposed at determined geo-
metrical positions in response to an input signal. The wave
field 1s propagating and a recerve wave field 1s detected by
receive means disposed at predetermined geometrical posi-
tions of the room, as has already been discussed. In response
to the recerve wave field, the recerve means provide, an output
signal which 1s considered as system output signal. The wave
field can be an electromagnetic wave field or an acoustic wave
field, as has already been discussed.

The apparatus illustrated 1n FIG. 10 shows a means 1101
for generating a copy of the input signal, which 1s applied to
an mput 1103 of the means 1101 for generating the copy. The
means 1101 for generating the copy further has an output
1105, across which a plurality of discrete transmit means 1s
controlled, which are disposed on a room 1107. In the room
1107, a plurality of discrete recerve means are arranged,
which are connected to an output 1109 where the output
signal can be provided in response to the recerve wave field.
The output 1109 1s coupled to a means 1111 for providing a
plurality of wave-field components, wherein the means 1111
for providing the plurality of wave-field components has a
plurality of outputs 113 coupled to a plurality of single filters
1115. The means 1111 for providing the plurality of wave-
field components and the plurality of single filters 1113 result
together 1n the already discussed apparatus for processing an
input signal. The plurality 1113 of single filters or the plural-
ity 1117 of outputs coupled to a plurality of iputs of a
subtracter 1119, which can also be an adder. Further, the
subtracter 1119 has a plurality of turther inputs 1121 as well
as a plurality of outputs 1123.
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The means 1101 for generating the copy has a further
output 1125, which 1s connected to an mput of a means 1127
for delaying. The means 1127 for delaying has an output
1129, which 1s coupled to a means 1131 for providing a
plurality of wave-field components. The means 1131 for pro-
viding the plurality of wave-field components has a plurality
of outputs connected to the mputs 1121 of the subtracter
1119. The plurality of outputs 1123 of the subtracter 1119 1s
coupled to a plurality of mnputs 1133 for determining discrete
filter coellicients. The means 1133 for determining discrete
filter coellicients has a plurality of further inputs 1133, which
are coupled to the outputs 1113 of the means 1111 for pro-
viding the plurality of wave-field components. The means
1133 for determining discrete filter coelficients further has a
plurality of outputs 1137, which are coupled to the plurality of
single filters 1115.

The means 1101 for generating the copy can, for example,
be a branching element providing exact copies of the input
signal 1103 at the outputs 1105 and 1125. The means 1127 for
delaying 1s in the lower branch of the apparatus illustrated 1n
FIG. 10, which delays the copy of the input signal such that a
signal delay in the upper branch of the apparatus illustrated 1n
FIG. 10, consisting of the room 1107 of the means 1111 for
providing the plurality of wave-field components as well as
the plurality of single filters 1115, 1s equalized.

The subtracter 1119 generates reference wave-field com-
ponents from the delayed wave-field components as well as
the filtered wave-field components applied to the outputs of
single filters, which are supplied to the means 1133 for deter-
mimng discrete filter coellicients via the outputs 1123. The
difference wave-field components are formed from a differ-
ence between the filtered wave-field components and the
delayed wave-field components. The means 1133 for deter-
mimng discrete filter coetlicients 1s formed to adaptively
determine the discrete filter coetlicients from the difference
wave-field components and the wave-field components pro-
vided by the means 1111 for providing the plurality of wave-
field components, and to provide the discrete filter coetli-
cients to the apparatus for processing the mput signal (to the
plurality of single filters 1115), wherein the discrete filter
coellicients are the detected inverse transmission character-
1stic of the room. The adaptation of the filter coellicients 1s
performed until the influence of the room on the wave-field
coellicients of the recerve wave field has been reversed by the
plurality of single filters 11185.

FIG. 11 shows a further embodiment of an apparatus for
inverse modeling, wherein for simplicity reasons the struc-
ture 1s 1llustrated only for one mode. The apparatus illustrated
in FIG. 11 comprises a transformation block 1201 with an
input 1203 and an output 1205. The output 1205 1s coupled to
an mput of an adaptive subfilter 1207, which has an output
1209 as well as an adaptation input 1211. The output 1209 of
the adaptive subfilter 1207 1s coupled to a transformation
block 1213, which has an output 1215.

The output 1205 of the transformation block 1201 1s fur-
ther coupled to an mput of a delay member 1217, wherein the
delay member 1217 has an output 1219, which 1s coupled to
an input of a subtracter 1221, which can also be an adder. The
subtracter 1221 further has a further mput 1223, which 1s
coupled to an output of a transformation block 1215, which
has an input 1227. The output of the subtracter 1221 1s
coupled to the mnput 1211 of the adaptive subfilter 1207.

The tunctionality of the components illustrated 1n FIG. 11
has already been described 1n connection with the discussed
embodiments. The transformation block 1201 performs, for
example, the transformation 1, where wave-field components
are derived from the mput signal, which are supplied to the

10

15

20

25

30

35

40

45

50

55

60

65

24

adaptive subfilter 1207. After filtering, the filtered wave-field
components are supplied to the transformation block 1213,
which performs a reconstruction of the wave-field compo-
nents to generate a wave field, which 1s transmitted to a
loudspeaker array 1n the form of an excitation signal. The
delay element 1217 serves to balance the signal delays. A
receive wave lield detected by a microphone array 1s supplied
to the transformation block 12235 as a recerved signal, which
performs, for example, a transformation 2 and provides the
wave-field components of the recerved wave field at the out-
puts. Then, the subtracter 1221 determines a difference
between the delayed wave-field components as well as the
wave-field components of the recerve wave field and provides
difference wave-field components to the adaptation inputs of
the adaptive subfilters.

The signal provided by the microphone array serves, for
example, to generate an error signal to drive an adaptation, so
that the filter coetficients are determined correctly. The spatial
equalization room compensation structure 1llustrated 1n FIG.
11 serves to modily the sound field emaitted at a loudspeaker
array such that for a listener, the influence of the replay room,
¢.g. inform of reflections at the walls, 1s minimized. The delay
clement 1217 generates a time delay of the wave-field com-
ponents so that the adaptive system 1s causal.

In dependence on an arrangement of the transformation
blocks, several variations of a room compensation are pos-
sible. If, for example, a loudspeaker signal 1s applied to the
iput 1203, the loudspeaker signals, as has already been dis-
cussed, are used to determine the wave-field components of
the wave field to be emitted. For example, the transformation
block 1213 performs the extrapolation of the wave field at the
loudspeaker positions, as has already been described 1n con-
nection with echo cancellation. The transformation block
1225 decomposes the microphone signals, as has already
been described.

Alternatively, virtual sources can be applied to the mput
1203, as has already been discussed. Thereby, the transior-
mation block 1201 provides a decomposition of the virtual
sources, as has already been described. The transformation
blocks 1213 as well as 1225 do not change their functionality.

Alternatively, 1t 1s also possible that a decomposed wave
field 1in the form of wave-field components 1s already applied
to the input 1203. In that case, the transformation block 1201
can be omitted. However, the transformation blocks 1213 and
1225 maintain their functionality. Inverse modeling, as has
already described, plays an important part in a multidimen-
s1onal room compensation for acoustic replay systems, based
on wave-field synthesis. Thereby, high-quality acoustic
replay systems are to reproduce a recorded or synthetically
generated sound field as realistically as possible. Compared
to the reproduction system based on stereophonic principles,
wave-field synthesis has many advantages. The theoretical
approach of wave-field synthesis assumes a free room propa-
gation of the loudspeaker signals. In real reproduction rooms,
however, 1n most cases, these conditions are not grven, during
reproduction, every loudspeaker signal generates retlections
at the walls of the reproduction room, which are not consid-
cred 1n the theoretical basics of the pure wave-field synthesis.
These undesired portions 1n the sound field can cause distor-
tions during reproduction. The basic idea of loudspeaker
compensation 1s to use the existing loudspeakers also for
cancellation of the acoustics of the reproduction room. Com-
pared to classical methods of room compensation, which are
known from the paper L. D. Fielder, “Practical limits for room
equalization”, Audio engineering society 1107 convention,
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New York, September 2001, the wave-field synthesis offers
the possibility to perform a room compensation for a large
spatial audible range.

In the practical implementation, the desired wave field 1s
compared to a measured real present wave field to adapt
compensation filters, which corresponds to inverse modeling.
Here, the already mentioned problems with regard to the
elfort and the convergence properties during adaptation of the
compensation filters apply as well.

FI1G. 12 shows an embodiment of an apparatus for acoustic
room compensation.

The apparatus illustrated 1n FIG. 12 has a transformation
block 1301, which has an mput 1303 as well as plurality of
outputs 1305. Each of the outputs 1305 1s coupled to an
adaptive subfilter 1307, wherein the number of outputs of the
respective filter 1s coupled to a plurality of inputs 1309 of the
transformation block 1311. The transformation block 131
has an output 1313, which 1s coupled to a loudspeaker array
1315, which 1s disposed 1n a room 1317.

Further, a microphone array 1319 1s disposed 1n a room
1317, which has an output, which is coupled to an imnput 1321
of the transformation block 1323. The transformation block
1323 has a plurality of outputs 1325, which are coupled to a
plurality of subtracters 1327, which can also be adders. Fur-
ther, the plurality of subtracters 1327 has a further input 1329,
which 1s coupled to a respective adaptation input 1331 of a
respective adaptive filter 1307. Delay members can also be
disposed between the inputs 1329 and the subtracters 1327.

The means illustrated 1n FIG. 12 have a structure as has
already been described in connection with the above-dis-
cussed embodiments. It 1s the task of the adaptive filter 1307
to filter the wave-field components provided by the transior-
mation block 1301 (transformation 1), such that the room
influence just compensates the characteristic introduced by
the adaptive filter 1307, so that the wave-field components
coming {rom the transformation block 1323 performing the
transformation 2 correspond to the original wave-field com-
ponents.

The apparatus illustrated 1n FIG. 12 shows an efficient
realization of a room compensation with the already
described techniques for techniques for signal processing
according to the present invention. First, the desired wave
field 1s, for example, decomposed into plane wave field com-
ponents. The room compensation filters 1307 operate then
independent of each other on these plane wave-field compo-
nents, which are ideally orthogonal to each other. Then, the
loudspeaker signals are obtained from the filtered plane
wave-field components according to the geometry of the
loudspeaker array 13135. In this embodiment, the used loud-
speaker array 1315 and the microphone array 1319, which 1s
used for analyzing the room 1nfluence, are circular. By effi-
cient implementation, the measured signal can be decom-
posed again into plane wave-field components from the
microphone signals, for example by using the transformation
2. By comparing the desired wave field 1n this area with the
really measured wave field, the compensation filters 1307 can
be efficiently adapted. In this case, by an orthogonality of the
wave-field components, single-channel adaptation algo-
rithms can be used again, as has already been described, so
that an efficient multidimensional acoustic room compensa-
tion can be performed.

According to a further aspect of the present invention, the
inventive concept can be used 1n prediction structures.

FI1G. 13 shows a first embodiment of a prediction apparatus
with a transformation block 1401 having an input 1403 as
well as an output 1405. The output 1405 1s coupled to a
subtracter 1407, which can also be an adder. Further, the
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subtracter 1407 has an output 1409 as well as a turther input
1411. The output 14035 of the transformation block 1401 1s
turther coupled to a delay member 1413, which has an output

1415, which 1s coupled to an adaptation filter 1417. The
adaptation filter 1417 has an output coupled to the further
input 1411 of the subtracter 1407, as well as an adaptation

input 1419 connected to the output of the subtracter 1407. The
transformation block 1401 1s, for example, formed to use the
signal applied to the imnput 1403, which, for example, charac-
terizes a wave lield to be emitted, for decomposing the wave
field to be transmitted 1nto wave-field components. The mnput
signals are the loudspeaker contents to be replayed on the
transmitter side or recording channels of a microphone array.
If the wave field 1s an acoustic sound field, as has already been
mentioned, information about the sound pressure distribution
and the sound velocity can be obtained from the mput signal.
Thereby, transformation block 1401 performs a decomposi-
tion of the wave field into spatially orthogonal components, as
has already been described 1n the case of echo cancellation. IT
the mput signal comprises an mformation carrying portion
(information portion) and a redundancy, which is predictable,
it 1s the aim of the filter adaptation to filter the delayed wave-
field components at the output of the delay member 1413,
such that after a subtraction performed 1n a subtracter 1407 a
signal occurs at the output 1409, which 1n the 1deal case only
comprises the information portion. This signal 1419 (predic-
tion error signal) 1s further used to control an adaptation of the
adaptive filter 1417.

On the receiving side, all components of the prediction
error signal are detected and an output signal 1s filtered such
that the prediction performed 1n the transmitter 1s reversed,
1.¢. that the original signal 1s composed of the received signal
of the non-predictable information portion and the predict-
able redundancy.

FIG. 14 shows an apparatus for retrieving a signal from a
received prediction error signal. The apparatus 1llustrated in
FIG. 14 shows a transformation block 1501 with an mput
1503 and an output 1505. The output 1505 1s coupled to an
adder 1507, which has an output 1509 as well as a further
input 1511. The output 1509 of the adder 1507 1s coupled to
an mnput of a transformation block 1513, which has an output
1515. Further, an adaptive filter 1517 1s coupled to the output
1509 of the adder 1507, which has an output, which 1s con-
nected to the further mput 1511 of the adder.

A recerved signal applied to the mput 1503 is used to
possibly decompose an underlying recerve wave field into
wave-field components. The wave-field components applied
as recerved signal are supplied to an adder, which performs an
addition of the wave-field components of the recerve wave
field and the filtered components at the output of the adaptive
filter 1517. Thereby, the adaptive filter 1517 processes the
composite wave-field components, which are provided at the
output of the adder 1507. When the apparatus 1llustrated 1n
FIG. 14 performs an operation inverse to the apparatus 1llus-
trated 1n FI1G. 13, the adaptive filter 1517 1s formed to receive
the filter coellicients, as indicated 1n FIG. 14, to perform the
filtering. The filter coeflicients are then the adaptively set
filter coetficients from the filter of FIG. 14. The transforma-
tion block 1513 performs, for example, the transformation 3
to perform an extrapolation, as has already been described in
the context of echo cancellation. In that case, a composite
reconstructed wave field 1s present at the output 1515.

As a vanation of the forward prediction illustrated 1in FIG.
14, backward prediction can be used. Therelfore, analogous to
FIG. 13, the backward prediction 1s used, such as 1t 1s
explained, for example, in B. Sklar, “Digital Communica-
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tions”, Prentica Hall, Englewood Clhitfs, N.J., USA, 1988, for
every wave-field component individually after the transtor-
mation unit 1401.

The apparatuses 1llustrated in FIGS. 13 and 14 represent
the signal processing at the example of a mode (a wave-field
component). A multidimensional extension 1s possible,
wherein the apparatuses 1llustrated in FIGS. 13 and 14 are
multiplied and associated to every mode.

As has already been mentioned, the mput signal already
discussed 1n FIG. 13 comprises an information portion and a
redundancy portion, wherein the prediction error signal to be
provided 1s to comprise only the information portion. In
response to the prediction error signal, a wave field 1s gener-
ated by discrete transmit means disposed at predetermined
geometrical positions, wherein the wave field can be an
acoustic sound field or an electromagnetic field. According to
a further embodiment of the present invention, the means
illustrated 1n FIG. 13 comprises, in the multidimensional
extension of a means for generating a copy of the input signal,
a means for providing a plurality of wave-field components
from the input signal, a means for delaying the copy of the
input signal as well as a means for processing the delayed
copy of the mput signal and for providing a plurality of
filtered wave-field components from the delayed copy of the
input signal. The apparatus for processing the delayed copy
has, for example, a structure as has already been discussed
several times. Above that, the mnventive apparatus comprises
a subtracter for generating a plurality of difference wave-field
components from a difference between the plurality of wave-
field components and the plurality of filtered wave-field com-
ponents. The subtraction operation can also be performed by
an adder, wherein the respective wave-field components are
provided with an opposite sign. The inventive apparatus for
generating a prediction error signal further comprises a
means for determining discrete filter coellicients, wherein the
means for determining discrete filter coetlicients 1s coupled to
the apparatus for processing the input signal, as has already
been discussed. The means for determining discrete filter
coellicients 1s further formed to receive the wave-field com-
ponents derived from the apparatus for processing the input
signal. The mmventive means for determining discrete filter
coellicients 1s further coupled to the plurality of single filters
of the apparatus for processing the input signal to provide the
discrete filter coeflicients. The means for determining dis-
crete filter coellicients 1s formed to provide the discrete filter
coellicients from the plurality of difference wave-field com-
ponents and the plurality of wave-field components associ-
ated to the delayed recerved signal, to generate the prediction
error signal by suppressing the redundancy portion during
filtering. The prediction error signal can already consist of the
filtered wave-field components. Alternatively, however, 1t 1s
possible that the prediction error signal 1s used for recon-
structing a wave field, wherein in that case the reconstructed
wave field 1s the prediction error signal.

In response to the prediction error signal, an output wave
field 1s generated by discrete transmit means disposed at
predetermined geometrical positions of a room. The output
wave field propagates 1n the room, so that a recerve wave field
can be detected by a plurality of receive means disposed at
predetermined geometrical positions of the room. Inresponse
to the receive wave field, the receive means provides an input
signal, from which a usetul signal comprising an information
portion and a redundancy portion 1s to be reconstructed, as
has already been discussed in context with the apparatus
illustrated in FIG. 14.

According to a further embodiment, the mnventive appara-
tus for retrieving a useful signal comprises an apparatus for
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processing the input signal, as has already been discussed.
The apparatus for processing the input signal has a means for
providing wave-field components, as 1s already been dis-
cussed. The means for providing the wave-field components
1s connected to a summer, which 1s formed to add the plurality
of wave-field components and the plurality of the filtered
wave-field components provided by the plurality of single
filters, and to provide the added plurality of wave-field com-
ponents to the plurality of single filters for filtering, wherein
the plurality of single filters 1s formed to filter the added
wave-field components by using the discrete filter coetfi-
cients that have already been used for generating a prediction
error signal. The discrete filter coellicients can be provided by
a means for providing filter coellicients. The means for pro-
viding the filter coellicients can, for example, be formed to
recerve the filter coeflicients from a transmitter, wherein a
prediction has been performed, as it 1s always the case 1n
connection with using prediction structures. In this embodi-
ment, the added plurality of wave-field components repre-
sents the retrieved useful signal.

As has already been mentioned, the inventive concept can
also be used for interference suppression or generally for
suppressing interference signals. If, for example, a useful
wave field 1s emitted from transmit means disposed within a
room, 1t can be interfered by an interference wave field super-
posed to the usetul wave field. The iterference wave field
can, for example, be generated by an interference transmutter,
which 1s disposed 1n the room. The interference transmitter
can, for example, be an extraneous transmit means, which
also emits wave fields. Due to the superposition of the useful
wave lield signal and the interference wave field, an interfered
receive wave lield occurs, which can be tapped off by discrete
receive means disposed within the room. As has already been
described, a recerved signal, which comprises an interference
portion and a usetul portion, 1s generated in response to the
receive wave lield. It 1s the aim of interference suppression, to
minimize the interference portion.

FIG. 15 illustrates an embodiment of an apparatus for
suppressing an interference portion 1n a recerved signal com-
prising an interference portion and a useful portion. The appa-
ratus 1llustrated 1n FIG. 15 comprises a means 1601 for pro-
viding a plurality of wave-field components having an input
1603 as well as a plurality of outputs 1605. The plurality of
outputs 1603 are coupled to a plurality of inputs of the selec-
tor 1607, wherein the selector 1607 has a plurality of outputs
1609. The plurality of outputs 1609 1s coupled to a plurality of
single filters 1611. The plurality of single filters 1611 has a
plurality of outputs 1613, which are coupled to a plurality of
inputs of a subtracter 16135. The subtracter has a plurality of
outputs 1617, which are coupled to a plurality of inputs of the
means 1619 for determining filter coellicients. The means for
determining filter coetlicients has further a plurality of further
inputs 1621, which are coupled to the plurality of outputs
1609 of the selector 1607. The means 1619 for determining,
filter coetlicients has further a plurality of outputs 1623,
which are each coupled to one of the plurality of single filters
1611. The means 1llustrated in FIG. 15 have a structure as has
already been explained in connection with the already dis-
cussed embodiments. Particularly, the means 1601 for pro-
viding the plurality of wave-field components as well as the
plurality of single filters 1611 1s part of an apparatus for
providing a processed input signal, as has already been dis-
cussed, for example 1n connection with the embodiment 11lus-
trated in FIG. 1. The selector 1607 can, for example, be
integrated into the means for providing. A received signal 1s
applied to the mnput 1603, which has been generated by the
plurality of discrete recetve means in response to the inter-
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tered recerve wave field. The means 1601 for providing the
plurality of wave-field components 1s formed to provide the
wave-field components of the received signal. The wave-field
components of the received signal comprise the useful wave-
field components, which can be associated to geometrical
positions, where the discrete transmit means are disposed, as
well as the interference wave-field components, which can be
associated to geometrical positions within the room, where,
for example, imnterference sources are disposed. The selector
1607 1s formed to select the interference wave-field compo-
nents to generate an estimation of the interference wave-field
components. Particularly, the selection can take place time,
room and frequency selective, for example based on the
known further geometrical positions of the room, €.g. a posi-
tioming angle of the interference transmitters. After filtering
by the plurality of single filters, the selected interference
wave-field components are supplied to the subtracter 1615.
Thereby, the subtracter forms a difference between the {il-
tered interference wave-field components and the wave-field
components comprising both interference wave-field compo-
nents and useful wave-field components. The wave-field
components provided by the means 1601 for providing the
plurality of wave-field components are applied to a plurality
of mputs 1625 of the subtracter 1615. Thus, the subtracter
1615 subtracts a filtered estimation of the interference wave-
fiecld components from the wave-field components of the
recetve wave field. Thus, 1n the i1deal case, which means 1n a
tull adaptation of the filter coeflicients, wave-field compo-
nents, which only consists of the useful wave-field compo-
nents, are provided at the output of the subtracter. The means
1619 for determining filter coellicients 1s formed to set the
filter coetlicients adaptively such that the selected interfer-
ence wave-field components are filtered such that they can be
suppressed by forming a difference.

Thus, an adaptive filter consisting of a plurality of single
filters and the means for determining filter coeltlicients gen-
erates an estimation of the interference signal, which 1s for
example subtracted from the mixture of useful and interfer-
ence signals as a reference signal.

According to a further embodiment of the present inven-
tion, the signals representing the mixture of usetul and inter-
ference signals as well as the estimation of the interference
portion, can be interchanged. FIG. 16 shows a further
embodiment of an mventive apparatus for suppressing an
interference portion.

FIG. 16 shows a room 1701 in which discrete transmit
means 1703 are disposed at geometrical positions. A source
1705, whose wave-field components are to be suppressed, 1s
at a further geometrical position 1n the room 1703. A plurality
of recerve means not shown in FIG. 16 detects a recerve wave
field, and generates an output signal in response to the
detected recerve wave field, which 1s supplied both to a trans-
formation block 1707 and a transformation block 1709.

The transformation block 1707 has an output 1711 coupled
to an mput of an adaptation subfilter 1713. The adaptation
subfllter has an output 1715 as well as an adaptation input
1717. The output 1715 of the adaptation subfilter 1717 1s
coupled to an input 1721 of a subtracter 1719. The subtracter
1719 further comprises another input to which an output of
the transformation block 1709 1s coupled. The output 1723 of
the subtracter 1719 1s coupled both to the adaptation input
1717 of the adaptation subfilter and to an input of a transior-
mation block 1725 having an output 1727.

The transformation blocks 1709 and 1707 are formed to
determine the wave-field components of the receive wave
fields from the mput signal.
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The discrete transmit means 1703 (the desired sources)
generate a wave field which 1s to be maintained. Therefore,
wave-field components generated by the transiormation
block 1707 (reference components) are subtracted from the
wave-field components, which have been generated from the
transformation block 1709, aifter filtering by the adaptive

subfilter 1713. Wave-field components occur at the output of
the subtracter 1719, which are 1n the 1deal case freed from the
interference wave-field components. After optional recon-
struction of the wave-field components by the transformation
block 1725, a signal occurs, which can, for example, be stored
or Turther processed.

The transformation blocks 1709 or 1707, respectively, are
formed to perform the already described transformation 1 or
transformation 2, respectively. According to a turther aspect
ol the present invention, the transformation block 1707 can be
formed to additionally perform spatial filtering of the wave-
field components, to, for example, only take over the compo-
nents which contain the sources to be removed, in depen-
dence on the angle ®. Instead of spatial filtering, a secondary
condition can be considered directly during adaptive filtering,
so that, for example, the already described selection takes
place in the adaptive subfilter. The transformation block 17235
can perform the already described transformation 3. Alterna-
tively, all wave-field components can be summed up 1n a
weighted way.

According to a further embodiment of the present mven-
tion, the upper branch illustrated 1n F1G. 16 and providing the
primary components can be omitted. In that case, the sub-
tracter 1719 1s also not required. The interference compo-
nents are removed by performing, for example, a spatial {il-
tering by the transformation block 1707, where the
interference components are suppressed. Alternatively, 1n
adaptive filtering, a secondary condition can be inserted, for
example 1n the form of an angle ®, indicating the structure of
the interference sources, so that, for example, only the inter-
terence wave-field components are taken out from the wave-
field components of the recerve wave field.

FIG. 17 shows a further embodiment of an apparatus for
interference suppression. The apparatus 1llustrated in FIG. 17
comprises a transformation block 1801 comprising an input
1803 as well as an output 1805. The output 1805 15 coupled to
an 1nput of the adaptive subfilter 1807. The adaptive subfilter
18077 has an output 1809 as well as an adaptation input 1811.
The output 1809 of the adaptive subfilter 1807 1s coupled to an
input of a transformation block 1821 having an output 1823.
The output 1809 is further connected to a subtracter 1813
having a further input 1815 as well as an output coupled to the
adaptation input 1811 of the adaptation subfilter.

Further, the apparatus illustrated in FIG. 17 comprises a
transformation block 1817 having an output coupled to the
input 1815 of the subtracter 1813. Further, the transformation
block 1817 comprises an input 1819 to which advance infor-
mation 1s applied.

The advance information can for example be obtained from
an estimation of the usetul wave field. For example, an esti-
mation of only slowly changing interierence wave field 1s
performed 1n temporal brakes of the useful wave field (source
activity detection) in the transformation range. Therefrom, an
estimation of the usetul wave field 1n the transformation range
1s obtained. The structure 1llustrated 1n FIG. 17 represents the
processing of a single mode. The transformation block 1801
as well as the transformation block 1817 are formed to gen-
crate the wave-field components from the applied signals.
The (optional) transformation block 1825 1s formed to recon-
struct the wave field.
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FIG. 18 shows an embodiment of a computer program for
echo cancellation. According to a further embodiment, an
inventive apparatus for suppressing an interference portion in
a recerved signal comprising the interference portion and the
usetul portion, wherein the received signal can be generated
in response to a detectable wave field from recerve means
disposed at predetermined geometrical positions, wherein the
detected wave field 1s a superposition of a useful wave field
and an interference wave field, an apparatus for processing
the input signal, wherein the means for providing wave-field
components has a selector, which 1s formed to select wave-
field components to be selected due to their spatial, temporal
or spectral characteristic, and to provide selected wave-field
components to the plurality of single filters, wherein the
plurality of single filters 1s formed to influence the selected
wave-field components and to output influenced selected
wave-field components as filtered wave-field components, a
subtracter coupled to the mventive apparatus for processing
the mput signal, wherein the subtracter 1s formed to generate
a difference between the wave-field components and the {il-
tered wave-field components as well as the means for deter-
mimng discrete filter coellicients from the selected wave-
field components and the difference, wherein the means for
determining discrete filter coetlicients 1s formed to provide
the filter coetlicients to the plurality of single filters of the
apparatus, to filter the selected wave-field components such
that the interference portion 1n the wave-field components
provided by the subtracter 1s suppressed. The wave-field com-
ponents to be selected can thereby be interference wave-field
components or useful wave-field components. Thereby, the
interference portion 1s erther suppressed by difference forma-
tion or by filtering.

According to a further embodiment, an inventive apparatus
for suppressing an interference portion 1n a received signal
comprising the interference portion and the useful portion,
wherein the recerved signal can be generated by receive
means disposed at predetermined geometrical positions of a
room 1n response to a detectable wave field, wherein the
detectable wave field 1s a superposition of a usetul wave field
and an interference wave field, an apparatus for processing
the 1input signal and for providing filtered wave-field compo-
nents, a selector coupled to the means for determining wave-
field components, wherein the selector 1s formed to select
wave-field components to be selected based on spatial, tem-
poral or spectral characteristics from the wave-field compo-
nents, and to provide selected wave-field components, a sub-
tracter coupled to the apparatus for processing the input
signal, wherein the subtracter i1s formed to generate a differ-
ence between the selected wave-field components and the
filtered wave-field components, and a means for determining
discrete filter coetlicients from the wave-field components
and the difference, wherein the means for determiming dis-
crete filter coetlicients 1s formed to provide the filter coetli-
cients to the plurality of single filters of the apparatus for
processing the input signal, and to filter the wave-field com-
ponents such that the interference portion 1s suppressed in the
wave-field components provided by the subtracter. Thereby,
the wave-field components to be selected can be interference
wave-field components or usetul wave-field components.

Depending on the conditions, the inventive methods can be
implemented 1n hardware. The implementation can be made
on a digital memory media, particularly a disc or CD with
clectronically readable control signals, which can cooperate
with a programmable computer system such that the corre-
sponding method 1s executed. Generally, thus, the invention
consists also 1n a computer program product with a program
code stored on a machine-readable carrier for performing the
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inventive method when the computer program product runs
on a computer. In other words, the invention can be realized as
a computer program with a program code for performing the
method when the computer program runs on a computer.

While this invention has been described in terms of several
preferred embodiments, there are alterations, permutations,
and equivalents, which fall within the scope of this invention.
It should also be noted that there are many alternative ways of
implementing the methods and compositions of the present
invention. It is therefore intended that the following appended
claims be interpreted as including all such alterations, permu-
tations, and equivalents as fall within the true spirit and scope
of the present invention.

What 1s claimed 1s:

1. An apparatus for processing an input signal comprising
a plurality of subsignals associated to discrete transmitters or
discrete receivers, wherein the discrete transmitters or receiv-
ers are disposed at predetermined geometrical positions with
regard to a room, comprising;:

a provider for providing a plurality of wave-field compo-
nents from the mput signal comprising the plurality of
sub-signals, wherein the provider 1s configured to derive
the plurality of wave-field components from the input
signal by a wave-field decomposition based on orthogo-
nal wave-field base functions and the predetermined
geometrical positions using a transform causing an
orthogonalization of the spatial and temporal compo-
nents, wherein the wave-field decomposition s such that
a superposition of the plurality of wave-field compo-
nents results 1n a composite wave-field being propagat-
able 1n the room; and

a plurality of single filters, wherein each single filter of the
plurality of single filters 1s associated to a wave-field
component of the plurality of wave-field components,
wherein a filtering of the wave field components sepa-
rately from each other 1s obtained, wherein each wave
field component 1s filtered by the single filter associated
with the respective wave field component, and wherein
cach single filter of the plurality of single filters is
formed to 1nfluence the associated wave-field compo-
nent such that with regard to the plurality of single filters,
a plurality of filtered wave-field components represent-
ing a processed mput signal 1s obtained as an output,
wherein the number of wave field components 1s merely
limited by a spatial sampling theorem rather than by a
number of the discrete receivers or a number of the
discrete transmitters.

2. The apparatus according to claim 1, wherein the com-
posite wave-field corresponding to the input signal 1s a sound
field, which can be generated by the discrete transmitters at
the predetermined geometrical positions, or that can be
detected by the discrete receivers at the predetermined geo-
metrical positions, wherein a subsignal comprises a sound
pressure or a sound velocity of the sound field at a predeter-
mined geometrical position with regard to the room, wherein
the provider 1s formed to determine the wave-field compo-
nents from a combination of a quantity based on the sound
pressure or a quantity based on the sound velocity with the
orthogonal wave-field base functions.

3. The apparatus according to claim 2, wherein the provider
for providing the plurality of wave-field components com-
prises a transformer for generating a spatial Fourier transform
of the sound pressure as the quantity based on the sound
pressure or for generating a spatial Fourier transform of the
sound velocity as the quantity based on the sound velocity.

4. The apparatus according to claim 1, wherein the provider
for providing the plurality of wave-field components further
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comprises a further provider for providing discrete function
values, which 1s formed to provide discrete function values of
the orthogonal wave-field base functions.

5. The apparatus according to claim 4, wherein the further
provider for providing discrete function values comprises a
memory wherein the discrete function values can be stored.

6. The apparatus according to claim 1, wherein each single
filter of the plurality of single filters comprises discrete filter
coellicients, wherein each single filter of the plurality of
single filters 1s formed to receive the discrete filter coellicients
for filtering the associated wave-field component.

7. The apparatus according to claim 1, further comprising,
a determiner for determining discrete filter coellicients,
wherein the determiner for determining the discrete filter
coellicients 1s formed to recerve a difference wave-field com-
ponent for each single filter and to determine the discrete filter
coellicients by minimizing a difference between a reference
wave-field component and the wave-field component.

8. The apparatus according to claim 7, wherein the deter-
miner 1s formed to determine the discrete filter coellicients
adaptively 1n the time or frequency domain based on one of
the following algorithms: MSE algorithm (MSE=mean-
squared error), MMSE algorithm (MMSE=minimum mean-
squared error), LMS algorithm (LMS=least mean-square),
RLS algorithm (RLS=recursive least-squares), FDAF algo-
rithm (FDAF=frequency-domain adaptive filtering), aifine
projection algorithm, Newton algorithm, NLMS algorithm
(NLMS=normalized LMS).

9. The apparatus according to claim 1, further comprising,
a reconstructor to obtain a reconstructed wave-field, wherein
the reconstructor 1s formed to reconstruct a filtered wave-field
by superposing quantities based on the filtered wave-field
components, and to provide the processed input signal 1n
response to which the reconstructed wave-field can be gen-
crated by the plurality of discrete transmuitters.

10. The apparatus according to claim 9, wherein the recon-
structor 1s formed to reconstruct the filtered wave-field by a
Fourier-based transform of the wave-field components.

11. An apparatus for detecting a transmission characteristic
of a room during propagation of a transmit wave-field,
wherein the wave-field can be generated by discrete transmit-
ters disposed at predetermined geometrical positions of the
room 1n response to an input signal, wherein a receive wave-
field can be detected by recervers disposed at predetermined
geometrical positions of the room, wherein the receivers gen-
crate an output signal 1n response to the receive wave-lield,
comprising;

a generator for generating a copy of the iput signal;

a provider for providing a plurality of wave-field compo-

nents of the recerve wave-field from the output signal;

a provider for providing a plurality of wave-field compo-
nents of the copy of the iput signal resulting in a com-
posite wave-field corresponding to the copy of the input
signal, wherein the plurality of wave-field components
of the copy of the input signal 1s dertved from the input
signal by a wave-field decomposition based on orthogo-
nal wave-field base functions and the predetermined
geometrical positions using a transform causing an
orthogonalization of the spatial and temporal compo-
nents;

a plurality of single filters, wherein each single filter of the
plurality of single filters 1s associated to a wave-field
component of the plurality of wave-field components of
the copy of the mput signal, wherein a filtering of the
wave lield components separately from each other 1s
obtained, wherein each wave field component 1s filtered
by the single filter associated with the respective wave
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field component, and wherein each single filter of the
plurality of single filters 1s formed to influence the asso-
ciated wave-field component such that with regard to the
plurality of single filters, a plurality of filtered wave-
field components representing a filtered copy of the
iput signal 1s obtained, wherein the number of wave
field components 1s merely limited by a spatial sampling
theorem rather than by anumber of the discrete recervers
or a number of the discrete transmitters:

a subtractor for generating a plurality of difference wave-
field components from a difference between the plural-
ity of filtered wave-field components and the plurality of
wave-field components of the recerve wave-field;

a determiner for determining discrete filter coellicients
coupled to the plurality of single filters, wherein the
determiner for determiming discrete filter coellicients 1s
formed to adaptively determine the discrete filter coet-
ficients from the plurality of difference wave-field com-
ponents and the plurality of wave-field components
derived from the copy of the input signal, and to provide
the discrete filter coellicients to the plurality of single
filters, wherein the discrete filter coefficients are the
detected transmission characteristic of the room.

12. The apparatus according to claim 11, further compris-
ing a reconstructor for reconstructing a reconstruction wave-
field from the plurality of difference wave-field components,
wherein the reconstruction wave-field 1s less intluenced by
the input signal than the receive wave-field.

13. An apparatus for actively suppressing interferences in a
first recerve wave-field using a filtered excitation signal, 1n
response to which a plurality of discrete transmitters disposed
at geometrical transmitter positions of a room generate an
excitation wave-field, which propagates in the room, wherein
the first recerve wave-field can be detected by a first plurality
of discrete recervers disposed at first predetermined geometri-
cal recerver positions of the room, wherein a second receive
wave-field can be detected by a second plurality of discrete
receivers disposed at second predetermined geometrical
receiver positions of the room, wherein the plurality of first
discrete recervers provide a first output signal in response to
the first recerve wave-field, and wherein the plurality of sec-
ond discrete receivers provide a second output signal 1n
response to the second receive wave-field, comprising:

a provider for providing a plurality of wave-field compo-
nents of the first output signal resulting 1n a composite
wave-field corresponding to the first output signal,
wherein the plurality of wave-field components 1s
derived from the first output signal by a wave-field
decomposition based on orthogonal wave-field base
functions and the first predetermined geometrical posi-
tions using a transform causing an orthogonalization of
the spatial and temporal components;

a plurality of single filters, wherein each single filter of the
plurality of single filters 1s associated to a wave-field
component of the plurality of wave-field components,
wherein a filtering of the wave field components sepa-
rately from each other 1s obtained, wherein each wave
field component 1s filtered by the single filter associated
with the respective wave field component, and wherein
cach single filter of the plurality of single filters is
formed to influence the associated wave-field compo-
nent such that with regard to the plurality of single filters,
a plurality of filtered wave-field components represent-
ing a filtered excitation signal 1s obtained, wherein the
number of wave field components 1s merely limited by a
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spatial sampling theorem rather than by a number of the
discrete receivers or a number of the discrete transmit-
ters;

a reconstructor for reconstructing the excitation wave-field
from the filtered wave-field components representing
the filtered excitation signal and for providing the fil-
tered excitation signal to the discrete transmitters;

a provider for providing a plurality of wave-field compo-
nents of the second receive wave-field;

a determiner for determining discrete filter coelificients, the
determiner being coupled to the plurality of single {il-
ters, wherein the determiner 1s formed to adaptively
determine the discrete filter coelficients from the plural-
ity of wave-field components of the first recerve wave-
field and the plurality of wave-field components of the
second receive wave-field to suppress the interferences
in the first recerve wave-field by filtering the plurality of
wave-field components of the first output signal repre-
senting the first recerve wave-field.

14. An apparatus for detecting an nverse transmission
characteristic of a room during propagation of a generate
wave-field, wherein the generate wave-field can be generated
by discrete transmitters disposed at predetermined geometri-
cal positions 1n the room 1n response to an input signal,
wherein a receive wave-field can be detected by discrete
receivers disposed at predetermined geometrical positions of
the room, wherein the discrete receivers generate an output
signal 1n response to the receive wave-field, comprising;

a generator for generating a copy of the mput signal;

a delay element for delaying the copy of the input signal;

a provider for providing a plurality of wave-field compo-
nents from the delayed copy of the input signal as refer-
ence wave-lield components;

a provider for providing a plurality of wave-field compo-
nents of the output signal, wherein the plurality of wave-
field components of the output signal 1s derived from the
output signal by a wave-field decomposition based on
orthogonal wave-field base functions and the predeter-
mined geometrical positions using a transform causing,
an orthogonalization of the spatial and temporal compo-
nents;

a plurality of single filters, wherein each single filter of the
plurality of single filters 1s associated to a wave-field
component of the plurality of wave-field components of
the output signal, wherein a filtering of the wave field
components separately from each other i1s obtained,
wherein each wave field component 1s filtered by the
single filter associated with the respective wave field
component, and wherein each single filter of the plural-
ity of single filters 1s formed to influence the associated
wave-field component of the output signal such that with
regard to the plurality of single filters, a plurality of
filtered wave-field components representing a filtered
output signal 1s obtained, wherein the number of wave
field components 1s merely limited by a spatial sampling
theorem rather than by anumber of the discrete receivers
or a number of the discrete transmitters:

a subtractor, which 1s formed to generate a plurality of
difference wave-field components from a difference
between the filtered wave-field components and the
delayed wave-field components;

a determiner for determining discrete filter coetlicients,
coupled to the plurality of single filters wherein the
determiner 1s formed to adaptively determine the dis-
crete filter coelficients from the plurality of difference
wave-field components and the plurality of wave-field
components of the output signal representing the receive
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wave-field, and to provide the discrete filter coeflicients
to the plurality of single filters

wherein the discrete filter coellicients are the detected
inverse transmission characteristic of the room.

15. An apparatus for generating a prediction error signal
from an input signal, wherein the input signal has an infor-
mation portion and a redundancy portion, and wherein the
prediction error signal comprises the mmformation portion,
wherein a generate wave-field can be generated by discrete
transmitters disposed at predetermined geometrical positions
ol a room 1n response to the prediction error signal, compris-
ng:

a generator for generating a copy of the input signal;

a provider for providing a plurality of wave-field compo-

nents from the input signal;

a delay element for delaying the copy of the input signal or
a plurality of wave-field components of the copy of the
input signal;

a provider for providing a plurality of wave-field compo-
nents of the copy or the delayed copy of the input signal
wherein the plurality of wave-field components 1s
derived from the copy or the delayed copy of the mnput
signal by a wave-field decomposition based on orthogo-
nal wave-field base functions and the predetermined
geometrical positions using a transform causing an
orthogonalization of the spatial and temporal compo-
nents, wherein the wave-field decomposition s such that
a superposition of the plurality of wave-field compo-
nents of the copy or the delayed copy of the input signal
results 1n a composite wave-field;

a plurality of single filters, wherein each single filter of the
plurality of single filters 1s associated to a wave-field
component of the plurality of wave-field components of
the copy or the delayed copy of the input signal, wherein
a filtering of the wave field components separately from
cach other 1s obtained, wherein each wave field compo-
nent 1s {iltered by the single filter associated with the
respective wave field component, and wherein each
single filter of the plurality of single filters 1s formed to
influence the associated wave-field component such that
with regard to the plurality of single filters, a plurality of
filtered wave-field components representing a filtered
copy or filtered delayed copy of the mput signal 1s
obtained, wherein the number of wave field components
1s merely limited by a spatial sampling theorem rather
than by a number of the discrete receivers or a number of
the discrete transmitters,

a subtractor formed to generate a plurality of difference
wave-field components from a difference between the
plurality of wave-field components of the mput signal
and the plurality of filtered wave-field components;

a determiner for determining discrete filter coellicients,
wherein the determiner for determining discrete filter
coellicients 1s coupled to a plurality of single filters
wherein the determiner 1s formed to provide the discrete
filter coellicients from the plurality of difference wave-
field components and the plurality of wave-field compo-
nents associated to the copy or the delayed copy of the
input signal, to generate the prediction error signal by
suppressing the redundancy portion during filtering,
wherein the plurality of filtered wave-field components
1s the prediction error signal.

16. An apparatus for retrieving a useful signal from an input
signal, wherein the useful signal comprises an information
portion and a redundancy portion, wherein the useful signal
comprises a plurality of wave-field components of a wave-
field, wherein the redundancy portion can be suppressed by
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filtering the plurality of wave-field components, wherein the
plurality of filtered wave-field components results 1n a pre-
diction error signal, in response to which an output wave-field
can be generated by discrete transmitters disposed at prede-
termined geometrical positions of a room, wherein the output
wave-field can be propagated in the room, wherein a receive
wave-field can be detected by a plurality of discrete receivers
disposed at predetermined geometrical positions of the room,
wherein the discrete recervers generate the input signal in
response to the receive wave-field, comprising:

a provider for providing the discrete filter coetlicients;

a provider for providing a plurality of wave-field compo-
nents of the mput signal, wherein the plurality of wave-
field components 1s derived from the input signal by a
wave-field decomposition based on orthogonal wave-
field base functions and the predetermined geometrical
positions using a transform causing an orthogonaliza-
tion of the spatial and temporal components, wherein the
wave-field decomposition 1s such that a superposition of
the plurality of wave-field components of the input sig-
nal results 1n a composite wave-field;

a adder, which 1s formed to add the plurality of wave-field
components of the input signal and a plurality of filtered
wave-field components to obtain a plurality of added
wave-field components of the input signal;

a plurality of single filters, wherein each single filter of the
plurality of single filters 1s associated to an added wave-
field component of the plurality of added wave-field
components of the input signal, wherein a filtering of the
wave lield components separately from each other 1s
obtained, wherein each wave field component 1s filtered
by the single filter associated with the respective wave
field component, and wherein each single filter of the
plurality of single filters 1s formed to influence the added
wave-field component such that with regard to the plu-
rality of single filters, a plurality of filtered wave-field
components representing a filtered mput signal 1s
obtained, wherein the number of wave field components
1s merely limited by a spatial sampling theorem rather
than by a number of the discrete recetvers or a number of
the discrete transmuitters, and

wherein the plurality of added wave-field components 1s
the retrieved usetul signal.

17. An apparatus for suppressing an interference portion in

a recerved signal comprising the interference portion and a
usetul portion, wherein the received signal can be generated
by discrete receivers disposed at predetermined geometrical
positions of a room 1n response to a detectable wave-field,
wherein the detectable wave-field 1s a superposition of a
useiul wave-field and an interference wave-field, comprising;:

a provider for providing a plurality of wave-field compo-
nents of the received signal, wherein the plurality of
wave-field components 1s derived from the recerved sig-
nal by a wave-field decomposition based on orthogonal
wave-field base functions and the predetermined geo-
metrical positions using a transform causing an orthogo-
nalization of the spatial and temporal components,
wherein the wave-field decomposition 1s such that a
superposition of the plurality of wave-field components
results 1n a composite wave-field;

a selector formed to select wave-field components based on
the spatial, temporal or spectral characteristic, and to
provide a plurality of selected wave-field components;

a plurality of single filters, wherein each single filter of the
plurality of single filters 1s associated to a selected wave-
field component of the plurality of selected wave-field
components, wherein a filtering of the wave field com-
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ponents separately from each other 1s obtained, wherein
cach wave field component 1s filtered by the single filter
associated with the respective wave field component,
and wherein each single filter of the plurality of single
filters 1s formed to intluence the associated wave-field
component such that with regard to the plurality of
single filters, a plurality of influenced selected wave-
field components as a plurality of filtered wave-field
components 1s obtained, wherein the number of wave
field components 1s merely limited by a spatial sampling
theorem rather than by anumber of the discrete receivers
or a number of the discrete transmitters,

a subtractor coupled to the plurality of single filters

wherein the subtractor 1s formed to generate a plurality of
difference wave-field components between the plurality
of wave-field components and the plurality of filtered
wave-field components;

a determiner for determining discrete filter coellicients
from the plurality of selected wave-field components
and the plurality of difference wave-field components
and for providing the filter coetlicients to the plurality of
single filters

wherein the plurality of selected wave-field components
are filtered such that the interference portion 1n the plu-
rality of difference wave-field components 1s sup-
pressed.

18. The apparatus for suppressing an interference portion
according to claim 17, wherein the wave-field components
selected by the selector are interference wave-field compo-
nents or usetul wave-field components.

19. The apparatus for suppressing an interference portion
according to claim 17, further comprising a further selector,
wherein the further selector 1s formed to select further wave-
field components based on the spatial, temporal or spectral
characteristic, and to provide a plurality of further selected
wave-field components.

20. The apparatus for suppressing an interference portion
according to claim 19, wheremn the plurality of further
selected wave-field components are useful wave-field com-
ponents or interference wave-field components.

21. An apparatus for suppressing an interference portion in
a received signal comprising an interference portion and a
uselul portion, wherein the received signal can be generated
by discrete receivers disposed at predetermined geometrical
positions of a room 1n response to a detectable wave-field,
wherein the detectable wave-field 1s a superposition of a
useiul wave-field and an interference wave-field, comprising;:

a provider for providing a plurality of wave-field compo-
nents ol the received signal, wherein the plurality of
wave-field components 1s derived from the recerved sig-
nal by a wave-field decomposition based on orthogonal
wave-field base functions and the predetermined geo-
metrical positions using a transform causing an orthogo-
nalization of the spatial and temporal components,
wherein the wave-field decomposition 1s such that a
superposition of the plurality of wave-field components
results 1n a composite wave-field;

a plurality of single filters, wherein each single filter of the
plurality of single filters 1s associated to a wave-field
component of the plurality of wave-field components,
wherein a filtering of the wave field components sepa-
rately from each other 1s obtained, wherein each wave
field component 1s filtered by the single filter associated
with the respective wave field component, and wherein
cach single filter of the plurality of single filters is
formed to influence the associated wave-field compo-
nent such that with regard to the plurality of single filters,
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a plurality of influenced wave-field components as fil-
tered wave-field components 1s obtained, wherein the
number of wave field components 1s merely limited by a
spatial sampling theorem rather than by a number of the
discrete recervers or a number of the discrete transmit-
ters,

a selector coupled to the determiner, wherein the selector 1s
formed to select wave-field components based on a spa-
tial, temporal or spectral characteristic from the wave-
field components, and to output the selected wave-field
components;

a subtractor coupled to the plurality of single filters,
wherein the subtractor 1s formed to generate a plurality
of difference wave-fiecld components between the
selected wave-field components and the filtered wave-
field components;

a determiner for determining discrete filter coelflicients
from the wave-field components and the plurality of
difference wave-field components, wherein the deter-
miner for determining 1s formed to provide the filter
coellicients to the plurality of single filters to filter the
wave-field components such that the interference por-
tion 1n the plurality of difference wave-field components
1s suppressed.

22. The apparatus for suppressing an interference portion
in a recerved signal according to claim 21, wherein the wave-
fiecld components selected by the selector are interference
wave-field components or usetul wave-field components.

23. A method for processing an mput signal comprising a
plurality of subsignals associated to discrete transmitters or
discrete receivers disposed at predetermined geometrical
positions of a room, comprising;:

providing a plurality of wave-field components, wherein
the plurality of wave-field components 1s derived from
the input signal by a wave-field decomposition based on
orthogonal wave-field base functions and the predeter-
mined geometrical positions with regard to the room
using a transiform causing an orthogonalization of the
spatial and temporal components, wherein the wave-
field decomposition 1s such that a superposition of the
plurality of wave-field components results 1n a compos-
ite wave-field propagatable in the room; and

filtering the plurality of wave-field components using a
plurality of single filters such that a plurality of filtered
wave-field components representing a processed input
signal 1s obtained as an output wherein a filtering of the
wave lield components separately from each other 1s
obtained, wherein each wave field component 1s filtered
by the single filter associated with the respective wave
field component, and

wherein the number of wave field components 1s merely
limited by a spatial sampling theorem rather than by a
number of the discrete receivers or a number of the
discrete transmaitters.

24. A method for detecting a transmission characteristic of

a room during propagation of a transmit wave-field, wherein
the wave-field can be generated by discrete transmitters dis-
posed at predetermined geometrical positions in the room in
response to an mput signal, and wherein a recerve wave-field
can be detected by recervers disposed at predetermined geo-
metrical positions, wherein the receivers generates an output
signal 1n response to a recerve wave-field, comprising:
generating a copy of the input signal;

providing a plurality of wave-field components of the
receive wave-lield from the output signal;

providing a plurality of wave-field components of the copy
of the 1nput signal resulting in a composite wave-field
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corresponding to the copy of the mput signal, wherein
the plurality of wave-field components of the copy ot the
input signal 1s derived from the input signal by a wave-
field decomposition based on orthogonal wave-field
base functions at predetermined geometrical positions
using a transiorm causing an orthogonalization of the
spatial and temporal components; and

filtering wave-field components by a plurality of filters,

wherein each single filter of the plurality of single filters
1s associated to a wave-field component of the plurality
of wave-field components of the copy ol the input signal,
wherein a filtering of the wave field components sepa-
rately from each other i1s obtained, wherein each wave
field component 1s filtered by the single filter associated
with the respective wave field component, and wherein
cach single filter of the plurality of single filters 1s
formed to influence the associated wave-field compo-
nent such that with regard to the plurality of single filters,
a plurality of filtered wave-field components represent-
ing a filtered copy of the mput signal 1s obtained,
wherein the number of wave field components 1s merely
limited by a spatial sampling theorem rather than by a
number of the discrete receivers or a number of the
discrete transmitters,

forming a plurality of difference wave-field components

from a difference between the plurality of filtered wave-
field components and the plurality of wave-field compo-
nents of the receive wave-field;

determiming discrete filter coellicients from the plurality of

difference wave-field components and the plurality of
wave-field components derived from the copy of the
input signal, wherein the discrete filter coellicients are
determined adaptively;

using the adaptively determined discrete filter coellicients

for filtering the plurality of wave-field components of
the copy of the mput signal, wherein the discrete filter
coellicients are the detected transmission characteristic
of the room.

25. A method for actively suppressing interferences 1n a
first recerve wave-field using a filtered excitation signal, 1n
response to which a plurality of discrete transmitters disposed
at predetermined geometrical transmitter positions of a room
generate an excitation wave-field, which can be propagated 1n
the room, wherein the first recerve wave-field can be detected
by a first plurality of discrete receivers disposed at {irst pre-
determined geometrical recerver positions of the room,
wherein a second receive wave-lield can be detected by a
second predetermined geometrical receiver positions of the
room, wherein the first discrete recervers provide a first output
signal 1n response to the first recerve wave-field, and wherein
the second discrete recervers provide a second output signal
in response to the second recerve wave-field, comprising:

providing a plurality of wave-field components of the first

output signal resulting 1n a composite wave-field corre-
sponding to the first output signal, wherein the plurality
of wave-field components 1s derived from the first output
signal by a wave-field decomposition based on orthogo-
nal wave-field base functions and the first predetermined
geometrical positions using a transform causing an
orthogonalization of the spatial and temporal compo-
nents; and

filtering wave-field components by a plurality of single
filters, wherein each single filter of the plurality of single
filters 1s associated to a wave-field component of the
plurality of wave-field components, wherein a filtering
of the wave field components separately from each other
1s obtained, wherein each wave field component 1s fil-
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forming a plurality of difference wave-field components
between the filtered wave-field components and the
delayed wave-field components;

determiming discrete filter coetficients coupled to the plu-

rality of single filters from the plurality of difference
wave-field components and the plurality of wave-field
components ol the output signal representing the recerve
wave-fleld, wherein the filter coeflicients are determined
adaptively;

10 filtering the plurality of wave-field components by the plu-
rality of single filters using the adaptively determined
filter coeflicients;

wherein the discrete filter coefficients are the detected
iverse transmission characteristic of the room.

15 27. A method for generating a prediction error signal from

an input signal, wherein the input signal comprises an infor-

mation portion and a redundancy portion, and wherein the
prediction error signal comprises the mmformation portion,
wherein a generate wave-field can be generated by discrete
transmitters disposed at predetermined geometrical positions
ol a room 1n response to the prediction error signal, compris-
ng:
generating a copy of the mput signal;
providing a plurality of wave-field components from the
input signal;

41

tered by the single filter associated with the respective
wave field component, and wherein each single filter of
the plurality of single filters 1s formed to influence the
associated wave-field component such that with regard
to the plurality of single filters, a plurality of filtered °
wave-field components representing a filtered excitation
signal 1s obtained, wherein the number of wave field
components 1s merely limited by a spatial sampling
theorem rather than by anumber of the discrete receivers
or a number of the discrete transmitters,

reconstructing the excitation wave-field from the filtered
wave-field components representing the filtered excita-
tion signal and providing the a filtered excitation signal
to the discrete transmitters:

providing a plurality of wave-field components of the sec-
ond receive wave-field;

receiving the wave-field components of the second wave-
field;

determining discrete filter coellicients from the plurality of 2¢
wave-field components of the first recetve wave-field

and the plurality of wave-field components of the second
recetve wave-field, wherein the filter coeflicients are
determined adaptively;

filtering the plurality of wave-field components of the first 25

output signal representing the first receive wave-field
using the adaptively determined filter coetlicients to
suppress the interferences 1n the first receive wave-field.

delaying the copy of the mput signal or a plurality of
wave-field components of the copy of the mnput signal;
providing a plurality of wave-field components of the copy

or the delayed copy of the mput signal wherein the
plurality of wave-field components 1s dertved from the
copy or the delayed copy of the input signal by a wave-
field decomposition based on orthogonal wave-field
base functions and the predetermined geometrical posi-
tions using a transform causing an orthogonalization of
the spatial and temporal components, wherein the wave-
field decomposition 1s such that a superposition of the
plurality of wave-field components of the copy or the

26. A method for detecting an 1nverse transmission char-
acteristic of a room during propagation of a generate wave- 30
field, wherein the generate wave-field can be generated by
discrete transmitters disposed at predetermined geometrical
positions 1n the room 1n response to an input signal, wherein
a recerve wave-lield can be detected by discrete receivers
disposed at predetermined geometrical positions of the room, 35
wherein the discrete recervers generate an output signal in
response to the receive wave-field, comprising;:

generating a copy of the input signal;
delaying the copy of the input signal;

delayed copy of the input signal results in a composite
wave-field; and

providing a plurality of wave-field components from the 40  filtering wave-field components derived from the copy or
delayed copy of the mput signal as reference wave-field the delayed copy of the mput signal by a plurality of
components; single filters, wherein each single filter of the plurality of

providing a plurality of wave-field components of the out- single filters 1s associated to a wave-field component of
put signal, wherein the plurality of wave-field compo- the plurality of wave-field components of the copy orthe
nents of the output signal 1s derived from the output 45 delayed copy of the input signal, wherein a filtering of
signal by a wave-field decomposition based on orthogo- the wave field components separately from each other 1s
nal wave-field base functions and the predetermined obtained, wherein each wave field component i1s filtered
geometrical positions using a transform causing an by the single filter associated with the respective wave
orthogonalization of the spatial and temporal compo- field component, and wherein each single filter of the
nents; and 50 plurality of single filters 1s formed to influence the asso-

filtering wave-field components by a plurality of single ciated wave-field component such that with regard to the
filters, wherein each single filter of the plurality of single plurality of single filters a plurality of filtered wave-field
filters 1s associated to a wave-field component of the components representing a filtered copy or filtered
plurality of wave-field components of the output signal, delayed copy of the input signal 1s obtained, wherein the
wherein a filtering of the wave field components sepa- 55 number of wave field components 1s merely limited by a
rately from each other 1s obtained, wherein each wave spatial sampling theorem rather than by a number of the
field component 1s filtered by the single filter associated discrete recetvers or a number of the discrete transmit-
with the respective wave field component, and wherein ters,
cach single filter of the plurality of single filters is forming a difference between the plurality of wave-field
formed to influence the associated wave-field compo- 60 components of the mput signal and the plurality of fil-
nent of the output signal such that with regard to the tered wave-field components to obtain a plurality of
plurality of single filters a plurality of filtered wave-field difference wave-field components;
components representing a filtered output signal 1is determining discrete filter coefficients coupled to the
obtained, wherein the number of wave field components single filters from the plurality of wave-field compo-
1s merely limited by a spatial sampling theorem rather 65 nents associated to the copy or the delayed copy of the

than by a number of the discrete receivers or anumber of
the discrete transmitters,

[l

input signal and from the difference wave-field compo-

nents;
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generating a prediction error signal by suppressing the
redundancy portion during filtering the wave-field com-
ponents derived from the copy or the delayed copy of the
input signal by using the discrete filter coellicients,
wherein the prediction signal 1s the plurality of filtered
wave-field components.

28. A method for retrieving a useful signal from an input
signal, wherein the useful signal comprises an information
portion and a redundancy portion, wherein the useful signal
comprises a plurality of wave-field components ol a wave-
field, wherein the redundancy portion can be suppressed by
filtering the plurality of wave-field components, wherein the
plurality of filtered wave-field components results 1n a pre-
diction error signal, in response to which an output wave-field
can be generated by discrete transmitters disposed at prede-
termined geometrical positions of a room, wherein the output
wave-field can be propagated in the room, wherein a receive
wave-field can be detected by a plurality of discrete receivers
disposed at predetermined geometrical positions of the room,
wherein the discrete recervers generate the input signal in
response to the receive wave-field, comprising:

providing the discrete filter coetlicients;

providing a plurality of wave-field components of the input

signal, wherein the plurality of wave-field components
1s dertved from the mput signal by a wave-field decom-
position based on orthogonal wave-field base functions
and the predetermined geometrical positions using a
transform causing an orthogonalization of the spatial
and temporal components, wherein the wave-field
decomposition is such that a superposition of the plural-
ity of wave-field components of the mnput signal results
in a composite wave-field;

forming a sum between the plurality of wave-field compo-

nents of the input signal and a plurality of filtered wave-
field components to obtain a plurality of added wave-
field components of the input signal;

filtering wave-field components using a plurality of single

filters, wherein a filtering of the wave field components
separately from each other 1s obtained, wherein each
wave field component 1s filtered by the single filter asso-
ciated with the respective wave field component,
wherein each single filter of the plurality of single filters
1s associated to an added wave-field component of the
plurality of added wave-field components of the input
signal, and wherein each single filter of the plurality of
single filters 1s formed to influence the added wave-field
component such that with regard to the plurality of
single filters, a plurality of filtered wave-field compo-
nents representing a filtered mput signal 1s obtained,
wherein the number of wave field components 1s merely
limited by a spatial sampling theorem rather than by a
number of the discrete receivers or a number of the
discrete transmitters;

filtering the plurality of added wave-field components by

the plurality of single filters using the discrete filter
coellicients, wherein the plurality of added wave-field
components 1s the retrieved useful signal.

29. A method for suppressing an interference portion in a
received signal comprising the interference portion and a
usetul portion, wherein the received signal can be generated
by discrete receivers disposed at predetermined geometrical
positions 1n response to a detectable wave-field, wherein the
detectable wave-field 1s a superposition of a useful wave-field
and an interference wave-field, wherein the interference
wave-field 1s associated to a further geometrical position of
the room,:
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providing a plurality of wave-field components of the
received signal, wherein the plurality of wave-field com-
ponents 1s dertved from the received signal by a wave-
field decomposition based on orthogonal wave-field
base functions and the predetermined geometrical posi-
tions using a transform causing an orthogonalization of
the spatial and temporal components, wherein the wave-
field decomposition 1s such that a superposition of the
plurality of wave-field components results 1n a compos-
ite wave-field;

selecting interference wave-field components based on a

spatial, temporal or spectral characteristic from the plu-
rality of wave-field components of the received signal to
provide a plurality of selected interterence wave-field
components;

filtering the selected interterence wave-field components

using a plurality of single filters, wherein each single
filter of the plurality of single filters 1s associated to a
selected wave-field component of the plurality of
selected wave-field components, wherein a filtering of
the wave field components separately from each other 1s
obtained, wherein each wave field component 1s filtered
by the single filter associated with the respective wave
field component, and wherein each single filter of the
plurality of single filters 1s formed to influence the asso-
ciated wave-field component such that with regard to the
plurality of single filters, a plurality of filtered interfer-
ence wave-lield components 1s obtained, wherein the
number of wave field components 1s merely limited by a
spatial sampling theorem rather than by a number of the
discrete recervers or a number of the discrete transmit-
ters;

forming a difference between the plurality of wave-field

components and the plurality of filtered interference
wave-field components to suppress the interference por-
tion 1n the wave-field components;

determining discrete filter coellicients from the plurality of

selected interference wave-field components and the
plurality of difference wave-field components;

filtering the plurality of wave-field components by using

the discrete filter coellicients to suppress the interfer-
ence portion in the plurality of difference wave-field
components.

30. A method for suppressing an interference portion in a
received signal comprising an interference portion and a use-
tul portion, wherein the received signal can be generated by
discrete receivers disposed at predetermined geometrical
positions 1n a room 1n response to a detectable wave-field,
wherein the detectable wave-field 1s a superposition of a
usetul wave-field and an interference wave-field, comprising;:

providing a plurality of wave-field components of the

received signal wherein the plurality of wave-field com-
ponents 1s dertved from the received signal by a wave-
field decomposition based on orthogonal wave-field
base functions and the predetermined geometrical posi-
tions using a transform causing an orthogonalization of
the spatial and temporal components, wherein the wave-
field decomposition 1s such that a superposition of the
plurality of wave-field components results 1n a compos-
ite wave-field; and

filtering wave-field components by a plurality of single

filters, wherein each single filter of the plurality of single
filters 1s associated to a wave-field component of the
plurality of wave-field components, wherein a filtering
of the wave field components separately from each other
1s obtained, wherein each wave field component 1s fil-
tered by the single filter associated with the respective
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wave field component, and wherein each single filter of

the plurality of single filters 1s formed to influence the
associated wave-field component such that with regard
to the plurality of single filters, a plurality of influenced
wave-field components as filtered wave-field compo-
nents 1S obtained, wherein the number of wave field
components 1s merely limited by a spatial sampling
theorem rather than by anumber of the discrete recervers
or a number of the discrete transmitters,

selecting wave-field components based on a spatial, tem-

poral or spectral characteristic from the wave-field com-
ponents;
forming a plurality of difference wave-field components
between the plurality of selected wave-field components
and the plurality of filtered wave-field components;

determining discrete filter coetlicients from the wave-field
components and the plurality of difference wave-field
components;

filtering the wave-field components by using the discrete

filter coetlicients to suppress the interference portion 1n
the plurality of difference wave-field components.

31. A computer readable non-transitory medium having
stored thereon a computer program with a program code for
performing a method for processing an input signal compris-
ing a plurality of subsignals associated to discrete transmit-
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ters or discrete recervers disposed at predetermined geometri-
cal positions of a room, the method comprising:
providing a plurality of wave-field components, wherein

the plurality of wave-field components 1s derived from
the input signal by a wave-field decomposition based on
orthogonal wave-field base tunctions and the predeter-
mined geometrical positions with regard to the room
using a transiform causing an orthogonalization of the
spatial and temporal components, wherein the wave-
field decomposition 1s such that a superposition of the
plurality of wave-field components results 1n a compos-
ite wave-field propagatable in the room; and

filtering the plurality of wave-field components using

single filters, such that a plurality of filtered wave-field
components representing a processed mput signal 1s
obtained as an output, wherein a filtering of the wave
field components separately from each other 1s obtained,
wherein each wave field component 1s filtered by the
single filter associated with the respective wave field
component, and

wherein the number of wave field components 1s merely

limited by a spatial sampling theorem rather than by a
number of the discrete receivers or a number of the
discrete transmitters,

when the program runs on a computer.
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